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PREFACE 


This  book  is  essentially  a  compilation  of  the  author’s  twenty  years  of  ex¬ 
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water  Sound  Reference  Laboratory.  This  organization  has  specialized  in 
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Reference  Division  of  the  Naval  Research  Laboratory  in  1966. 

Hopefully,  the  book  will  provide  a  useful  reference  to  the  many  naval  and 
naval  contractor  personnel  who  work  in  sonar  and  other  aspects  of  underwater 
electroacoustics,  and  to  scientists,  engineers,  and  technicians  everywhere  who 
use  underwater  sound  transducers  in  marine  science  and  technology. 
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Paine,  and  W.  S.  Cramer  for  reviewing  selected  chapters. 
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INTRODUCTION 


1.1  Purpose 

As  man  explores  and  uses  the  ocean  depths,  whether  for  military,  commercial, 
or  scientific  purposes,  he  faces  sensory  and  communication  problems  unlike 
those  met  in  any  other  environment.  The  medium  is  hostile  to  man  and  equip¬ 
ment.  it  is  essentially  opaque  to  visible  light,  infrared,  radio,  radar -to  all  the 
familiar  forms  of  elcctromapctic  radiation  used  for  sensing  and  communicating 
in  the  atmosphere  and  in  space.  Because  acoustic  signals  are,  and  probably  will 
remain,  the  only  feasible  general  method  of  transmitting  infonnation  with  waves 
through  water  at  distances  beyond  a  few  yards,  electroacoustic  transducers  are 
the  only  practicable  means  for  sensing  underwater  sounds,  and,  lit  most  cases, 
foi  producing  them  as  controlled  signals. 

The  electrical  and  acoustical  measurements  described  in  lids  book  are  those 
required  to  calibrate,  test,  or  evaluate  an  underwater  electroacoustic  transducer 
and  to  enable  one,  indirectly,  to  produce  or  detect  and  measure  an  underwater 
acoustic  signal,  usually  in  terms  of  its  acoustic  pressure.  These  measurements 
will  be  referred  to  collectively  as  underwater  electroacoustic  measurements. 

Applications  in  naval  sonar  systems  for  navigation,  communication,  amt  target 
location  have  provided  the  major  need  and  impetus  for  tire  development  of 
undetwater  electroacoustic  measurements;  however,  applied  sontes  li\  liquids  for 
such  purposes  as  ultrasonic  therapy  and  cleaning,  delay  lines,  and  flow  meters, 
aim  have  had  a  tole  in  this  development.  More  recently,  tits  burgeoning  interest 
ur  oceanography  and  marine  sciences  has  given  added  importance  to  undetwater 
acoustics  and  electroacoustics  as  scientific  and  engineering  tools.  As  man  him* 
sell  penetrates  deeper  into  the  sea  and  seeks  to  free  himself  of  encumbering 
electrical  cables,  electroacoustic  instruments  serve  ct  Iris  eyes,  Iris  ears,  and  his 
vocal  apparatus, 

Acoustics,  particularly  underwater  acoustics,  is  not  a  very  precise  science. 
The  second  significant  figure  m  a  measurement  usually  is  in  doubt  and  the  third, 
usasllv  mcamnglcss.  Aceuiacics  of  tl  dll  tor  about  tltt*  ptcssuie  amplitude) 
are  quite  acceptable  In  most  circumstances,  At  least  part  of  the  reason  for  this 
is  Hie  instability  of  the  medium  anti  titc  unfavorable  environment  m  which  tite 
electroacoustic  instruments  must  operate.  l:\ccpi  untier  the  controlled  conditions 
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that  can  be  achieved  only  on  a  laboratory  bench,  water  is  not  the  simple, 
stable,  homogeneous,  quiet,  and  harmless  medium  that  the  layman  imagines. 
The  effects  of  temperature,  hydrostatic  pressure,  dissolved  salts  and  gases,  marine 
Jife,  pollutants,  bubbles,  weather,  and  boundary  conditions  are  the  bane  of  all 
who  attempt  scientific  measurements  in  the  ocean.  Indeed,  the  physical  chem- 
istry  of  water  itself  is  poorly  understood -1'3  Designing  underwater  instruments 
suitable  for  long-term  immersion  is  as  yet  a  young  technology. 

Water  is  much  more  dense  and  much  less  compliant  than  air.  Its  character¬ 
istic  impedance  is  about  3,500  times  that  of  air.  These  characteristics,  plus  the 
instability  and  hostility  of  an  extended  water  medium,  make  the  techniques  for 
electroacoustic  measurements  underwater  quite  different  from  those  used  in  air. 

Other  well-known  books4"15  and  references16  treat  the  science  and  technology 
of  electroacoustic  measurements,  but  only  to  a  very  limited  extent  or  only 
for  air  acoustics.  It  is  the  author’s  purpose  here  to  provide  a  comprehensive 
survey  of  the  theory  and  practice  of  underwater  electroacoustic  measurements. 
The  only  previous  literature  in  this  specialized  field  is  the  well-known,  but  now 
obsolete,  “red  books”  of  World  War  II.17'20 


1.2  A  Little  History 

The  history  of  the  science  and  technology  of  calibrating  underwater  electro¬ 
acoustic  transducers  begins  about  1941.  Before  that  time,  interest  and  activity 
in  this  field  was  very  sparse.  A  few  scientists,  mostly  in  foreign  countries, 21  "2S 
had  experimented  with  methods  of  measuring  sound  pressure  in  fluids,  but 
their  methods  were  very  complicated  and  of  little  practical  use  outside  of  a  re¬ 
search  laboratory.  Calibration  methods  for  air  microphones  had  been  developed, 
but  these  methods  were  not  feasible  for  underwater  measurements  and  were 
limited  to  audio  frequencies.  In  1941,  on  the  eve  of  the  United  States  participa¬ 
tion  in  World  War  II,  the  U.S.  Navy’s  capability  for  calibrating  sonar  transducers 
was  negligible. 

The  Office  of  Scientific  Research  and  Development,  recognizing  the  paucity 
of  research  in  this  area,  entered  into  a  contract  with  the  Bell  Telephone  Labora¬ 
tories  (BTL)  in  July  1941  and  with  the  Columbia  University  Division  of  War  Re¬ 
search  (CUDWR)  in  March  1942  for  the  establishment  of  the  Underwater  Sound 
Reference  Laboratories  (USRL).  BTL  was  to  supply  measurement  instrumenta¬ 
tion  and  systems;  CUDWR  was  to  operate  the  laboratories,  do  research  on  meth¬ 
ods,  and  perform  calibrations. 

In  1940and  1941,  Mac  Lean  26  and  Cook27  independently  devised  methods  for 
calibrating  electroacoustic  transducers  by  using  the  reciprocity  principle.  Only 
electrical  measurements  and  a  few  easily  determined  constants  were  roquired. 
The  reciprocity  calibration  method  proved  to  be  a  breakthrough  thut  hastened 
the  development  of  the  science  of  calibrating  sonar  transducers.  In  the  summer 
of  19<2,  only  a  few  months  after  Us  establishment,  the  USRL  began  to  study 
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and  test  reciprocity  calibration  concepts,  and  found  the  method  to  be  an  accur¬ 
ate  and  reliable  technique  for  testing  and  evaluating  sonar  transducers. 

In  tire  period  1942-45,  development  of  sonar  transducer  calibration,  test,  and 
evaluation  methods  advanced  very  rapidly  at  the  USRL17  and  at  sonar  develop¬ 
ment  laboratories  at  Harvard19  and  the  University  of  California.20  The  reci¬ 
procity  calibration  method  was  put  on  a  firm  theoretical  and  experimental  basis. 
Practical  procedures  were  worked  out  for  making  measurements  in  shallow  lakes 
and  tanks. 

Standard  hydrophones  were  developed  by  BTL  using  Rochelle  salt  and  am¬ 
monium  dihydrogen  phosphate  piezoelectric  crystals.  Hydrophones  in  which  the 
interaction  of  electric  currents  and  magnetic  fields  (magnetostriction)  was 
utilized  also  were  devised  and  built.  BTL  developed  wide-frequency-band 
sound  sources  or  projectors  using  piezoelectric  crystals  for  the  ultrasonic- 
frequency  range,  and  modified  moving-coil  loudspeaker  principles  for  the  audio¬ 
frequency  range. 

The  Massachusetts  Institute  of  Technology’s  Underwater  Sound  Laboratory 
dev  doped  Rochelle  salt  hydrophones  and  a  condenser  hydrophone  system  in 
which  an  impedance  bridge  modulated-carrier  principle  was  used.  The  Brush 
Development  Company  built  several  types  of  piezoelectric  wide-range  trans¬ 
ducers.  The  Harvard  Underwater  Sound  Laboratory  exploited  the  principle  of 
magnetostriction  for  many  types  of  transducers.  Natural  piezoelectric  crystals 
weio  used  to  a  limited  extent  -tourmaline  at  tire  Naval  Research  Laboratory  and 
qu;  rtz  at  BTL.  Industrial  organizations  like  the  Submarine  Signal  Co.,  General 
Ele  trie,  Sungamo  Electric,  and  the  Radio  Corporation  of  America  made  other 
contributions. 

At  the  end  of  World  War  11  in  1945,  it  was  possible  to  calibrate  a  small  hydro¬ 
phone  from  2  Hz  to  2.2  MHz  under  ambient  environmental  conditions.  Projec¬ 
tors  or  sound  sources  weighing  up  to  a  few  hundred  pounds  could  be  calibrated 
from  about  50  Hz  to  140  kHz,  with  driving  powers  of  1V4  kW  available  in  tho 
audio-frequency  range.  When  pressure  was  a  variable,  the  capabilities  were 
limited  to  2-100  Hz  and  100  psi  for  small  hydrophones  only,  and  to  10*150  kHz 
and  300  psi  for  fairly  small  hydrophones  and  projectors  (less  than  100  lb). 
Standard  hydrophones  and  projectors  were  adequate,  but  far  from  Ideal.  Stability 
with  time,  static  pressure,  and  temperature  in  many  cases  was  poor  ft  r  “stand¬ 
ard"  purposes.  Sound  sources  generally  were  cumbersome,  and  response  curves 
were  not  smooth  and  flut  as  is  desirable  in  calibration  work.  The  measuring  sys¬ 
tems  were  not  cupable  of  pulsed-sound  measurements.  Good  free-field,  or  un¬ 
bounded  medium,  conditions  were  generally  assumed  but  seldom  obtained.  Thus, 
in  vpite  of  great  strides  forward  during  World  War  It,  the  state  of  the  art  in  1945 
was  still  relatively  crude. 

After  World  War  11 .  the  sharp  drop  in  military  •connected  research  and  develop¬ 
ment  affected  underwater  acoustics  and  sonar  calibration  work.  Almost  all  pri¬ 
vate  organizations,  and  particularly  universities,  which  had  been  active  in  this 
field  during  the  war  wi  tlidrew  wholly  or  partially  from  this  activity.  Responsibility 
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for  operating  the  university-managed  laboratories  was  transferred  to  the 
U.S.  Navy.  The  California  group  became  the  Navy  Electronics  Laboratory.  The 
Harvard  group  became  the  Navy  Underwater  Sound  Laboratory  in  New  London, 
Connecticut,  and  the  Navy-supported  Ordnance  Research  Laboratory  at  Penn¬ 
sylvania  State  University.  The  Columbia  University  Underwater  Sound  Refer¬ 
ence  Laboratories  were  transferred  directly  to  the  Navy. 

In  the  early  1950s,  research  and  development  on  measuring  methods,  trans¬ 
ducers,  and  systems  was  resumed,  mostly  at  the  newly  established  naval  labora¬ 
tories  or  at  Navy  contract  supported  activities.  Progress  has  been  significant,  as 
the  many  citations  in  this  book  will  attest.  There  no  doubt  will  be  unintentional 
omissions  from  these  citations.  The  author  apologizes  for  them.  Many  omis¬ 
sions  probably  will  involve  European  developments.  Acustica  has  been  the  main 
reference  for  European  work,  but  the  author  knows  well  that  some  work  has 
been  documented  in  other  publications  and  has  escaped  his  attention. 

For  those  readers  who  wish  more  history  about  the  broader  subject  of  elec¬ 
troacoustics,  Hunt 's6  book  contains  a  very  interesting  chapter  based  largely  on  the 
chronology  of  patents;  also,  the  Submarine  Signal  Division  of  the  Raytheon 
Company  has  published  a  book,  Submarine  Signal  Log  (Submarine  Signal  Division, 
Raytheon  Company,  Portsmouth,  R.I.,  1963),  that  describes  the  pioneering 
years  of  sonar  before  and  during  World  War  11. 

1.3  Scope  of  Measurements 

The  measurements  described  in  this  book  serve  a  broad  range  of  purposes  and 
applications.  At  one  end  is  the  research  investigation,  for  which  thoroughness 
and  accuracy  are  paramount  and  restrictions  of  time  and  complexity  are  second¬ 
ary.  At  the  other  end  is  the  quick  and  simple  test  measurement  used  in  produc¬ 
tion  or  post-repair  situations. 

Electroacoustic  measurements  are  of  two  general  types.  There  is  tire  passive 
measurement  in  which  the  acoustic  signal  is  produced  by  some  nonelectroacoustic 
means  such  as  marine  life,  machinery  vibration,  explosions,  mechanical  or  hy¬ 
draulic  oscillators,  but  the  sensor  is  art  electroacoustic  hydrophone.  Then,  there 
is  the  active  measurement  where  tire  sound  is  produced  and  controlled  by  an 
electroacoustic  transducer. 

It  is  (lie  active  measurement  that  is  made  in  basic  calibration,  test,  and  evalua¬ 
tion  work.  Most  of  die  methodology  discussed  in  this  book  pertains  to  active 
measurements.  In  a  typical  case,  a  source  and  a  receiver  are  coupled  by  a  water 
medium.  An  electrical  Signal  is  fed  into  and  mealed  at  the  input  electrical 
terminals  of  die  sound  source.  An  electrical  signal  then  is  measured  at  die  out¬ 
put  of  die  receiver  while  the  receiver  is  exposed  to  the  acoustic  radiation  from 
die  source.  Variations  on  this  particular  set  of  measurements  are  the  basis  of 
most  electroacoustic  evaluation.  There  are,  of  course,  very  manv  ramifications 
and  complications  due  to  frequency,  ike,  environment  .purpose ,  and  so  forth; 
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and  initially,  various  constants  must  be  determined.  In  the  final  analysis,  however, 
the  measurements  reduce  to  a  determination  of  the  electrical  input  and  electrical 
output -or,  in  electrical  engineering  terms,  the  transfer  impedance  of  the  network. 

In  calibration  measurements  in  particular,  one  often  does  not  know,  nor  is 
he  even  concerned  with,  the  acoustical  pressures  being  used.  The  whole  electro- 
acoustic-electro  system  is  treated  as  an  electrical  two-port  network.  The  acous¬ 
tical  part  of  the  system  is  measured  in  terms  of  various  dimensions,  the  acoustic 
impedance  of  the  medium,  the  speed  of  sound  in  the  medium,  and  so  forth.  These 
parameters  usually  are  determined  only  once;  they  thereafter  become  constants 
in  the  calculations.  In  some  techniques,  measuring  these  constants  is  the  most 
difficult  part;  in  others,  the  measurement  is  simple,  or  handbook  values  are  used. 

The  methods  and  theory  of  a  wide  variety  of  measurement  techniques  are  dis¬ 
cussed  in  Chapter  II.  Some  of  these  are  in  common  use;  others  have  only  highly 
specialized  applications.  Measurement  practice  in  the  widely  used  “free-field” 
technique  is  discussed  separately  and  in  detail  in  Chapter  III.  The  “near-field” 
method,  being  relatively  new  and  completely  different  in  concept  from  the  others, 
is  described  separately  in  Chapter  IV.  Standard  hydrophones,  reciprocal  trans¬ 
ducers,  and  wide-range  sound  sources  are  the  key  instruments  needed  in  most 
practical  measurements.  The  design  of  this  specialized  instrumentation  is  dis¬ 
cussed  in  Chapter  V.  Acoustic  baffles,  windows,  reflectors,  anechoic  coatings, 
and  absorbers  are  closely  associated  with  underwater  electroacoustic  measure¬ 
ments  and  transducers;  evaluation  measurements  on  them  axe  discussed  in 
Chapter  VI. 

1.4  Terminology 

The  American  National  Standards  Institute,  Inc.  (formerly  The  American 
Standards  Association)  has  published  a  standard  terminology^  written  under 
the  sponsorship  of  the  Acoustical  Society  of  America.  This  standard  terminology 
is  used  in  this  book  wherever  it  applies.  Specific  terms  are  defined  heroin  whore 
they  are  first  discussed  in  detail.  Acceptable  terminology. however,  Ir  ot  static, 
and  the  reader  will  find  that  some  terms,  such  as  Hertz,  echo  reduction,  and  near 
field  are  not  included  in  the  standard,  Terms  like  coupler  and  insertion  loss  arc 
used  in  a  broader  sense  Hum  in  the  standard.  Still  other  terms  are  used  in  «n  ab¬ 
breviated  form;  directivity  pattern  instead  of  directional  response  {tattem,  for 
example.  The  standard  consists  of  about  M)  pages;  the  reader  is  referred  to  it  for 
a  comprehensive  compilation  of  definitions. 

Aside  from  definitions,  die  usage  of  some  common  terms  needs  some  com¬ 
ment.  In  underwater  acoustics,  transducer  usually  means  by  implication  elec¬ 
troacoustic  transducer.  Sometimes  the  meaning  is  even  more  restrictive  in  imply  ¬ 
ing  a  reversible  electroacoustic  transducer.  The  latter  meaning  excludes  smalt 
hydrophones  with  preamplifiers;  tins  restriction  is  not  standard,  and  it  is  not 
used  In  this  book.  Transducer  is  used  here  as  u  collective  term  for  all  kinds  of 
electroacoustic  transducers.  A  hydrophone  is  an  underwater  microphone  oi  a 
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transducer  used  to  detect  or  receive  sound  underwater.  Here,  again,  the  use  of 
the  term  sometimes  is  more  restrictive  in  that  it  is  limited  to  those  transducers 
that  can  be  used  only  as  receivers.  This  meaning,  too,  is  not  standard,  and  no 
such  limitation  is  implied  throughout  this  book.  A  projector  is  a  producer  or 
transmitter  of  underwater  sound.  The  terms  hydrophone  and  projector  are  used 
here  only  to  imply  the  purpose  being  served  by  a  transducer  at  the  moment  and 
no  assumptions  should  be  made  about  its  design,  the  transduction  principle 
involved,  or  its  other  capabilities. 

Both  receiving  sensitivity  and  receiving  response  are  acceptable  terms,  although 
sensitivity  is  most  commonly  used.  On  the  other  hand,  transmitting  response  is 
the  only  acceptable  term.  The  reason  for  this  inconsistency  involves  the  notion 
that  all  types  of  instruments  and  devices  respond  in  the  sense  that  the  output 
responds  to  the  input,  but  only  sensors  or  detectors  have  sensitivity. 

1.5  Measurement  Parameters 

The  end  result  of  most  measurements  is  the  value  of  an  electroacoustic 
parameter;  that  is,  a  ratio  of  an  electrical  variable  to  an  acoustical  one,  or  the 
inverse.  Typically,  the  sensitivity  (voltage/pressurc)  or  the  response  (pressure/ 
current  or  prcssure/voltage)  is  the  electroacoustic  parameter  computed  from 
measured  electrical  data  and  various  constants. 

When  the  sensitivity  (or  response)  is  measured  as  a  function  of  frequency,  we 
obtain  a  frequency  calibration  of  the  transducer,  which  is  by  far  the  most  com¬ 
mon  type  of  measurement. 

Tire  basic  and  widely  used  standard  electroacoustic  sensitivities  or  responses 
are  defined  as  follows: 

Free-Field  Voltage  Sensitivity;  The  free-field  voltage  sensitivity  of  an  electro¬ 
acoustic  transducer  used  for  sound  reception  is  tire  ratio  of  the  output  open- 
circuit  voltage  to  die  free-field  sound  pressure  in  the  undisturbed  plane  progres¬ 
sive  wave.  The  frequency  and  angle  of  incidence  must  be  specified. 

Transmitting  Current  tor  Voltage )  Response:  The  transmitting  current  (or 
voltage)  response  of  an  electroacoustic  transducer  used  for  sound  emission  is 
tire  ratio  of  the  sound  pressure  apparent  at  a  distance  of  one  meter  in  a  specified 
direction  from  the  effective  acoustic  center  of  the  transducer  to  the  signal  cur¬ 
rent  flowing  into  (or  die  voltage  applied  across)  the  electrical  input  terminals. 

In  underwater  acoustics,  sensitivity  and  response  usually  are  measured  and  re¬ 
torted  In  decibels.  In  such  cases,  sensitivity  and  response  levels  are  the  technically 
correct  terms;  however,  Uie  use  of  decibels  and  levels  is  so  common  diat  level 
often  is  omitted  in  die  interest  of  brevity,  widiout  risk  of  confitsion  or  ambiguity. 

When  die  relative  sensitivity  (or  response)  is  measured  as  a  function  of  direc¬ 
tion  or  orientation,  we  call  it  a  directional  response  pattern,  or  more  simply  a 
beam  tmttern  or  directivity  /mtiem.  The  formal  definition  is: 

Hie  direcliotutl  response  pattern  of  a  transducer  used  for  sound  emission  or 
reception  is  a  graphical  description,  usually  in  polar  coordinates,  o(  the  response 
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of  the  transducer  as  a  function  of  the  direction  of  the  transmitted  or  incident 
sound  waves  in  a  specified  plane  and  at  a  specified  frequency. 

A  complete  or  three-dimensional  pattern  usually  is  described  by  a  compila¬ 
tion  of  patterns  in  different  planes  through  the  acoustic  axis  of  the  transducer. 

When  response  or  sensitivity  measurements  are  made  as  a  function  of  signal 
level,  we  have  the  linearity  or  dynamic  range.  These  terms  are  discussed  and  de¬ 
fined  in  Section  2.15. 

Electrical  impedance  is  an  exception  to  the  output/input  category  of  meas¬ 
urements.  It  is  stii!  a  quasi-electroacoustic  parameter,  however,  because  the 
electrical  impedance  is  a  function  of  and  often  quite  sensitive  to  the  acoustical 
characteristics  of  the  medium  into  which  the  transducer  is  radiating  sound.  One 
is  still  measuring  an  electrical  ratio  (voltage/current),  as  in  most  other  electro¬ 
acoustic  measurements,  but,  unlike  the  others,  the  phase  between  the  two  signals 
is  important. 

Phase  m  an  absolute  se  ise  has  little  application  in  electroacoustic  measure¬ 
ments  aside  from  impedance,  because  it  depends  on  an  arbitrary  choice  of  where 
the  phase  of  the  acoustic  signal  is  measured.  The  wavelength  of  the  signal  in 
water  often  is  smaller  than  the  transducer,  and  the  selection  of  the  measuring 
point  for  die  acoustic  signal  would  have  a  large  effect  on  an  electroacoustic  phase 
measurement. 

Efficiency  is  a  computed  parameter,  because  direct  measurements  of  electrical 
and  acoustical  power  are  not  feasible.  Other  parameters  like  directivity  factor 
and  cquh  alont  noise  pressuio  also  are  computed  from  sensitivity  (or  response)  and 
i  npedaru  e  measurements. 

Ollier  variables  used  rn  ihcse  measurements  are  environmental  fadors  (hydro¬ 
static  pressure  and  temperature),  the  kind  of  signal  (continuous  wave,  pulse, 
noise,  impulse,  etc.),  the  boundary  conditions  of  the  medium  (free  field,  rever¬ 
berant  tank,  baffled  or  unbaffied  transducer,  with  or  without  a  dome ,  etc.),  and, 
of  course,  various  internal  changes  or  adjustments  that  can  be  made  on  particular 
transducers  (elements  connected  in  scries  or  parallel,  with  or  with  tut  a  trans¬ 
former,  etc.). 

Basically,  there  are  three  categories  of  electroacoustic  parameters  (1)  Sensi¬ 
tivity  or  response  that  is  measured  directly  as  a  function  of  freqrn  ncy,  signal 
level  or  type,  environmental  factors,  orientation,  and  so  forth;  (2)  impedance; 
and  (3)  parameters  computed  from  (I )  and  (2). 

I  6  Decibels 

The  cecibel  ss  Mem  i»  widely  used  in  underwater  electroacoustic  measure¬ 
ments.  there  ate  several  reasons.  One  ha'  roots  m  the  tradition  or  history  of 
acoustics,  particularly  psychological  acoustics.  The  ettt  perceives  approximately 
the  same  difference  in  loudness  between  i  ami  10  unit  a*  between  10  and  100 
units.  Titat  is,  the  ear  is  a  logarithmic  detector.  Con  equently,  a  logarithmic 
uale  or  measuring  system  tike  the  decibel  scale  is  very  useful.  Human  heating 
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and  acoustic  phenomena,  in  general,  range  over  extremely  wide  values  of  signal 
amplitude-the  order  of  1012.  For  this  reason,  too,  a  logarithmic  scale  is  con¬ 
venient.  Finally,  in  underwater  electroacoustic  measurements  and  in  many  other 
special  areas  of  acoustics  and  communication  engineering,  the  interest  is  in  signal 
ratios  rather  than  in  absolute  quantities.  Decibels  are  a  convenient  measure  of 
ratios. 

The  classic  concept  of  a  decibel  is  given  by  the  equation 

n  =  10  log! o  j^J,  (11) 


where  Pj/P0  is  the  ratio  of  two  powers  and  n  is  the  number  of  decibels. 

Parameters  that  are  essentially  equivalent  to  power  (acoustic  intensity  I  or 
power  per  unit  area,  for  example),  are  described  similarly: 


n  =  lOlogjo 


(1.2) 


The  convenience  of  the  decibel  system  has  led  to  its  use  in  describing  ratios 
of  other  parameters  that  are  proportional  to  the  square  root  of  power:  voltage, 
current, pressure, velocity, and  so  forth.  Such  use  is  valid  and  consistent  with  tire 
classic  concept,  if  these  other  parameters  can  be  related  to  power.  This  relation¬ 
ship  usually  involves  an  impedance,  sometimes  specifically  stated  and  at  other 
times  merely  implied.  In  electroacoustics,  the  decibel  system  is  carried  a  step 
further  and  used  to  specify  output/input  ratios  like  the  sensitivity  or  response  of 
a  transducer.  Then,  the  logarithm  of  a  ratio  of  ratios  actually  is  used,  and  the 
connection  with  power  and  impedance  becomes  somewhat  tenuous. 

Consider,  first,  however,  the  application  of  decibels  to  specify,  by  means  of 
the  relationship  P  *  e2/R,  the  ratio  of  two  powers  Pj  andP0  separated  in  space 
or  time. 


m  »  lOlog 


10  log 


Sjl 


5? 

R0 


lf/i,*Pe, 


«  «  20  log 


(U) 


(1.4) 


Equation  (1.4)  gives  tire  ratio  of  two  voltages  hr  decibels  when  they  share  a 
common  impedance.  The  ratio  of  two  currents,  sound  pressures,  and  particle 


INTRODUCTION 


9 


velocities  would  be  given  in  the  same  way  with  some  provision  of  common 
impedance. 

Typical  applications  would  be  voliagcs  at  two  points  on  the  same  uniform  and 
effectively  infinite  transmission  line,  free-held  sound  pressures  at  two  distances 
from  the  same  projeclor,  and  currents  in  the  same  circuit  at  two  different  times. 

The  second  application  of  decibels  is  to  specify  the  amplitude  (usually  rms 
amplitude)  of  a  parameter  at  a  single  point  in  time  and  space  relative  to  a  refer¬ 
ence  amplitude.  In  Eq.  (1 .4),  for  example.  e0  would  be  some  standard  or  speci¬ 
fied  reference  value  and  ct  would  be  measured  relative  to  e0.  Such  usage  is 
identified  by  the  term  level,  as,  for  example,  voltage  level  or  pressure  level.  Here, 
it  is  understood  that  and  e0  are  measured  across  the  same  impedance.  When 
e0  ts  one  volt,  the  voltage  level  of  ^ ,  in  Eq.  (1.4)  is,  by  definition,  given  in  dBV, 
which  is  read  as  “decibels  referred  to  1  volt.” 

Similarly,  sound  pressure  p  is  defined  in  terms  of  sound  pressure  level  SPL: 


SPL  =  20  log 


(1.5) 


where  pa  is  a  reference  pressure. 

There  is  no  universally  accepted  standard  reference  pressure.  The  prossuro 
0.0002  microbar  is  used  it.  air  acoustics  and  has  been  used  in  underwater  noise 
acoustics.  The  pressure  1  microbar  has  boon  used  in  sonar  work  and  underwater 
electroacoustic  measurements  other  than  noise  since  World  War  11.  In  1968,  one 
micronewton  per  square  meter  was  selected  as  an  American  standard  reference 
pressure  level  for  acoustics  in  liquids.  It  has  the  advantages  of  being  a  power  of 
ten,  being  small  enough  so  that  negative  pressure  levels  are  virtually  eliminated, 
and  fitting  cosily  into  the  MRS  system  of  units  and  the  standard  system  of  pre- 
fixes (milli,  micro,  etc.).  The  various  reference  pressures  are  shown  schematically 
in  Pig.  I.t. 

The  decibel  system  also  is  used  to  specify  tlte  output/input  ratios  of  two-port 
networks  and  transducers  When  used  in  this  way,  the  system  loses  most  of  its 
connection  with  power  ratios.  It  must,  however,  still  be  consistent  with  Kqs. 
(1.4)  and  (1.5).  A  voltage  amplifier,  fot  example,  may  have  a  numeric  gain  of 
10.  which  means  that 


"Oloii  fflteWLYgfaft 
^  input  voltage 


*  20  tog  10  “  20  dll. 


0-6) 


The  voltages  do  not  have  a  common  impedance;  however,  the  impedance  condi¬ 
tions  at  both  the  input  and  output  ate  fixed.  Hie  input  voltage,  of  course,  is 
measured  acrovs  the  Inpu*  impedance  of  the  amplifier;  die  output  voltage,  across 
a  specified  load  impedance. 
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Similarly,  the  free-field  voltage  sensitivity  M  is  given  by 


20  log  M  s  20  log 


open-circuit  output  voltage 
free-field  plane-wave  pressure  * 


(1.7) 


Here,  again,  there  is  no  common  impedance,  but  the  impedance  conditions  are 
fixed.  The  voltage  is  measured  across  an  open-circuit  or  an  essentially  infinite 
impedance  and  the  pressure  is  measured  in  a  wave  with  a  characteristic  imped¬ 
ance  of  pc,  where  p  is  the  density  of  water  and  c  is  the  speed  of  sound.  In  Eq. 

(1.6) ,  the  units  of  voltage  are  immaterial  as  long  as  the  same  unit  is  used  for  both 
input  and  output.  In  Eq.  (1.7),  the  voltage  and  pressure  have  nothing  in  com¬ 
mon.  It  is  necessary,  therefore,  that  the  voltage  and  pressure  each  have  a  refer¬ 
ence  value,  or  that  a  combination  of  Eqs.  (1.4)  and  (1.5)  be  used  instead  of  Eq. 

(1 .7) .  Thus,  we  have  a  ratio  of  ratios, 


20  log  M  *  20  log  Pf  ,  (1.8) 

ftoc\ 


where  (tfoc/P/) o  is 3  reference  sensitivity  level.  The  reference  voltage  always  is 
one  volt. 

The  reference  free-field  pressure  in  underwater  acoustics  has  been  standard¬ 
ized  at  one  micronewton  per  square  meter,  but  other  levels  in  Fig.  1.1  may  con¬ 
tinue  to  appear,  particularly  in  old  measurement  data.  A  free-field  voltage  sen¬ 
sitivity  level,  therefore,  is  given  in  dB  referred  to  one  volt  per  micronewton  per 
square  meter,  or,  abbreviated,  dB  re  1  V/pN/m*. 

A  transmitting  current  response  level  similarly  is  given  in  dB  re  1  pN/m3  at  one 
meter  per  ampere.  Since  sensitivity  and  response  almost  always  are  given  in 
decibels,  the  term  level  ordinarily  is  not  used.  Sensitivity  and  sensitivity  level 
are  understood  to  be  synonymous,  as  are  response  and  response  level. 

The  decibel  system  is  not  without  its  problems.  Troubles  arise  largely  from 
attempts  to  extend  the  system  too  far.  Suppose,  for  example,  tlsat  in  especial 
case  an  (acoustical  power  output)/(voltage  input)  transmitting  response  is  desired. 
Neither  10  nor  20  times  the  logarithm  of  P/e  would  be  consistent  with  Eqs.  (1,1) 
and  (1.4).  One  would  have  to  use  10  log Pfe*  or  not  use  decibels  at  all.  The 
reference  response  level  would  have  to  be  in  watts  per  volt  squared  (W/V3).  As 
another  illustration,  application  to  a  parameter  like  an  impedance  Z  is  not 
recommended,  because  both  10  log  Z  and  20  tog  Z  appear  in  different  circum¬ 
stances,  as  for  example  in  10  tog  P  “  10  log  t*R  and  20  tog  eft  *  20  log  R.  Fin¬ 
ally,  users  of  decibels  sometimes  forget  that  numbers  of  decibels  represent  ratios 
expressed  in  terms  of  exponents  of  lest,  not  the  actual  value  of  a  quantity  ,  con¬ 
sequently,  decibels  arc  not  subject  to  the  ordinary  rules  of  arithmetic.  Doubling 
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a  pressure  amplitude  does  not  double  a  pressure  level;  it  increases  it  by  6  dB 
(actually,  (>.02  dB  =  20  log  2  =  20  x  0.301,  because  2  =  10°-301). 

Decibels  should  not  be  averaged  unless  one  seeks  a  geometric  mean  or  unless 
the  difference  between  the  arithmetic  and  geometric  mean  is  negligible.  Where 
the  difference  in  levels  is  4.0  dB  or  less,  the  average  level  (geometric  mean) 
will  differ  from  the  level  of  the  average  signal  (arithmetic  mean)  by  only  0.2 
dB  or  less.  The  error  in  averaging  decibels  always  results  in  a  level  that  is  too 
low. 

1.7  Units 

The  units  used  in  underwater  science  and  technology  unfortunately  are  a  con¬ 
fusing  conglomeration  of  tire  English,  cgs,  and  MKS  systems.  The  mixture  occurs 
because  underwater  acoustics  is  involved  in  the  whole  range  of  technical  activity 
from  basic  science  to  production  engineering.  In  addition,  naval  and  nautical 
tradition  influence!,  the  use  and  se'ection  of  units.  It  is  not  unusual  to  see  fathoms 
and  centimeters  used  in  the  same  report  or  discussion.  Scientists  who  diligently 
promote  the  usage  of  meters,  liters,  newtons,  etc.,  still  regularly  use  pounds  per 
square  inch  for  hydrostatic  pressure.  Hopefully,  this  matter  will  improve  with 
time.  Current  common  practice  is  used  in  this  book. 

Workers  in  electroacoustics  have  a  particularly  unusual  situation,  since  they 
deal  simultaneously  with  electrical  and  acoustical  parameters.  The  practical  or 
MKSA  system  is  used  fot  electrical  measurements,  while  the  cgs  system  has  been 
used  for  acoustical  parameters  like  pressure,  velocity,  density, etc  In  the  result¬ 
ing  hybrid  system,  for  example,  hydrophone  sensitivity  is  expressed  in  volts  per 
microbar.  A  worse  example  is  the  transmitting  current  response  of  a  transducer, 
which  usually  is  defined  as  the  output  pressure  in  microbars  measured  at  one 
meter  from  the  transducer  for  a  one-ampere  input.  In  some  applications. how¬ 
ever,  the  Navy  prefers  to  measure  the  sound  pressure  at  one  yard  instead  of  one 
meter,  thereby  introducing  all  three  systems  of  units  in  one  parameter. 

There  has  been  a  gradual  change  from  the  eg*  to  the  MKSA  system  in  the 
scientific  community.  This  is  a  sensible  move  that  may  be  complete  in  another 
decade  or  so.  Change  probably  will  be  m  id)  slower  among  those  who  are  sen¬ 
sitive  to  tradition  m  to  the  cost  of  change. 

Tito  units  used  with  some  of  the  comm  »u  parameters  ate  given  in  the  Ust  tltat 
follows, along  with  some  conversion  factor-. 

acoustic  pressure  iu«.  .bits  (dynes/centimeter1) 

oevMons/mek’t3 
(Note:  lOjihat*  i  N/iir3) 
mu  onewum/meter1 

liydroMaitc  i  tessure  pot.  nis/mcfi1 

kih'tfams/meiet3 
(Note:  I  ps) k  703  kg/m2) 
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velocity 

■  centimeters/second 
meters/second 

volume  velocity 

centimeters3/second 

meters3/second 

voltage 

volts 

current 

amperes 

electrical  power 

watts 

acoustical  power 

watts 

acoustical  intensity 

watts/centimeter3 

watts/meter2 

electrical  impedance 

ohms 

acoustical  impedance 

acoustical  ohms 

(Note:  The  acoustical  ohm  is  pressure/ 
volume  velocity  in  cgs  units;  the  MKS 
acoustical  ohm  is  pressure/volume  ve¬ 
locity  in  MKS  units^) 

specific  acoustic  impedance 

rayl  or  acoustical  ohmijfcentimeter3 

MKS  rayl  or  MKS  acoustical  ohmfmeter1 
(Note:  specific  acoustic  impedance  often 
is  referred  to  as  the  rho-c  of  the 
medium,  because  it  is  equal  to  the 
product  of  the  density  p  and  speed  of 
sound  c.) 

density 

grams/centimetcr3 

kilograms/meter3 

(Note:  1  g/cm3  ■  10s  kg/m3) 

speed 

centimeters/second 

meters/secoad 

time 

seconds 

frequency 

hem  (cycles  per  second) 

bandwidth 

hem 

temperature 

degrees  Celsius 

efficiency 

percent  or  numeric  ratio 

Electroacoustic  parameters  almost  always  ate  described  in  terms  of  level!,  and 
the  unit  is  the  decibel.  In  these  cases,  both  the  runaber  and  kind  of  units  used  in 
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the  reference  level  are  important.  Mention  lias  been  made  of  the  various  reference 
pressures  in  Section  1.3  and  Fig.  1.1.  Each  can  be  substituted  for  pressure  in 
the  following  reference  units. 

frce-field  voltage  sensitivity  volts/pressure  unit 
transmitting  current  response  (pressure  at  1  meter)/amperes 

tran  miitting  voltage  response  (pressure  at  1  meter)/volts 


Since  the  divorcement  about  reference  level*,  all  pertains ;a the pressure and 
nor  lo  llte  volla  e  or  current.  the  differences  shown  In  Fig,  1 .1  will  apply  also  to 
the  seussuviiy  uul  ten  <n»e  levels.  A  change  from  the  mieiobn  to  the 
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micronewton/meter2  level,  for  example,  will  mean  an  even  -100  dB  change  in 
sensitivity  level,  and  a  +100  dB  change  in  transmitting  response  level. 

1.8  Symbolism 

Letter  symbols  as  standardized  by  the  USA  Standards  Institute29  are  used  in 
this  book.  Some  symbols,  such  asAf  for  microphone  or  receiving  sensitivity  and 
S  for  speaker  or  transmitting  response,  are  not  defined  in  the  standard  but  are 
used  in  other  related  standards.  lfi*28  Such  implied  standard  symbols  also  are 
used  here.  Symbols  are  defined  when  they  are  introduced  in  the  book.  A  com¬ 
pilation  of  symbol  definitions  is  provided  in  the  appendix; basic  symbols  and  sub¬ 
script  symbols  are  listed  separately. 

The  English  and  Greek  alphabets  are  inadequate  to  provide  a  completely  un¬ 
ambiguous  set  of  symbols.  Where  one  letter  has  more  than  one  meaning,  the 
context  in  which  it  is  used  will  make  clear  which  meaning  is  appropriate. 

1.9  Analogs  and  Network  Theory 

Electromechanical  and  electroacoustics!  analogs  are  widely  used  analytical 
tools  in  electroacoustics.  Anyone  who  seeks  even  a  superficial  understanding 
of  electroacoustics  for  any  purpose  should  be  familiar  with  at  least  the  elements 
of  these  analogies. 

The  direct  or  impedance  analogy  is  the  oldest  and  most  used  of  the  two  types 
of  analogies.  K  is  used  in  this  book.  Olson9  and  others* ,7  describe  it  in  detail. 
The  basis  of  the  impedance  analogy  is  that  the  following  characteristics  are  equiv¬ 
alent  or  analogous. 

force  :  voltage 
velocity  :  current 

mechanical  impedance  :  electrical  impedance 

The  impedance  analogy  is  most  useful  with  transducers  in  which  electrical  cou¬ 
pling  is  used  (piezoelectric  or  condenser), 

The  inverse  or  mobility  analogy,  developed  by  Firestone, u  based  on  the 
following  analogous  relationships: 

force  :  currant 
velocity  ;  voltage 

mechanical  admittance  (mobility)  s  electrical  impedance 

The  mobility  analogy  is  most  useful  with  transducers  in  which  magnetic  cou¬ 
pling  is  used  (magnetostriction  and  moving  cod). 

When  analogies  axe  used  to  describe  a  pure  mechanical  or  acoustical  system, 
either  analogy  is  applicable  and  the  choice  is  arbitrary,  but,  as  already  mentioned. 
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In  addition  to  using  analogies,  it  is  convenient  in  acoustics  and  electroacoustics 
ti-  draw  heavily  on  electrical  network  theory.  Thevenin’s  theorem,  filter  theory, 
the  superposition  theorem,  impedance-matching  concepts,  transmission  line 
e  |uations,  waveform  analysis,  and  so  forth,  all  are  used  directly  in  or  ad  ipted  to 
use  in  acoustics.  Ihese  subjects  are  found  in  such  communication  engineering 
references  as  Ternum32  and  liveritt.33 
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METHODS  AND  THEORY 


2.1  Introduction 

The  most-often  used  electroacoustic  parameter  i .  the  tree-field  voltage  sensi¬ 
tivity  of  a  hydrophone  expressed  as  a  function  of  frequency.  It  usually  is 
determined  by  either  the  comparison  method  or  the  reciprocity  method.  The 
theory  of  these  two  common  techniques  will  be  discussed  in  this  chapter  and  the 
practical  details  of  calibrating  standard  hydrophones  or  sonar  transducers  in  a 
free  field  or  open  water  will  be  reserved  for  Chapter  III  because  of  their  impor¬ 
tance.  Both  the  theory  and  practice  of  other  methods  that  generally  are  mure 
specialized  and  of  restricted  applications  will  be  discussed  completely  in  this 
chapter.  The  descriptions  will  be  complete  enough  to  acquaint  the  reader  with 
the  limitations  as  well  as  me  applications;  addition.il  details  are  available  in  the 
references  cited.  The  neat -field  method,  being  a  unique  and  recent  development, 
is  treated  soparatel}  in  Chapter  IV. 

Of  the  methods  to  be  described  for  calibrating  a  transducer,  all  except  the 
techniques  that  require  a  calibrated  standard  transducer  are  considered  to  be 
primary  methods,  A  primary  method  requires  bade  measurements  of  voltage, 
current,  electrical  and  acoustical  impedanci ,  length,  mass  (or  density),  and  time 
(or  frequency).  In  practice,  handbook  valu  ,>s  of  density,  sound  speed,  elasticity, 
and  so  forth  are  u-.ed  rather  than  directly  measured  values  of  these  parameters. 

Die  secondary  methods  are  those  in  which  a  transducer  (usually  a  hydro¬ 
phone)  that  has  been  calibrated  by  a  primary  method  is  used  as  a  reference 
standard.  The  comparison  calibration  of  a  Ityd  ophone  is  an  example  of  a 
secondary  method,  Since  a  calibrated  impedance  bridge,  voltmeter,  oscillator, 
and  so  forth  may  be  used  in  a  primary  method  but  r  calibrated  hydrophone  may 
not,  this  distinction  between  primary  and  secondary  methods  perhaps  is  arbi¬ 
trary.  nevertheless,  the  distinction  n  made  in  under  voter  acoustics. 

The  methodology  we  a  o  conet'  ned  with  here  provides  means  for  measuring 
tire  magnitude,  an!  some  lines  th-  phase,  *f  electrical  voltage  and  current  and 
acoustical  pressure  ami  prrticle  \  imaty.  ir  theii  ratios,  lire  theory  for  the 
purely  electrical  nu  asurenvmts  is  well  knwwi .  and  ti  c  need  for  measuring  particle 
velocity  is  small;  consequently,  it  ts  tite  nuasuren  ent  of  acoustical  pressure  or 
ratios  involving  uci-uuicb)  treasure  that  is  tite  majot  subject  of  this  chapter. 
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2.2  Secondary  Methods 

Secondary  methods  for  calibrating  transducers,  particularly  hydrophones, 
require  fewer  measurements  and  provide  fewer  sources  of  error  than  do  primary 
methods.  Secondary  methods,  therefore,  are  more  generally  used  for  routine 
calibrations,  although  the  accuracy  of  secondary  calibrations  never  can  be  better 
than  the  accuracy  of  the  primary  calibration  of  the  reference  standard,  if  only 
one  standard  is  used.  Accuracy  and  reliability  can  be  increased  by  averaging  the 
results  of  measurements  with  two  or  three  standards.  This  practice  also  detects 
failures  or  deterioration  of  the  standards.  Secondary  calibrations  usually  involve 
standard  hydrophones  rather  than  standard  projectors  for  reasons  that  will  be 
given  in  the  sections  to  follow. 

2.2.1  Comparison  calibration  of  hydrophones  in  a  free  field 

The  term  “hydrophone  calibration”  implies  a  measurement  of  the  free-field 
voltage  sensitivity  of  a  hydrophone.  The  free -field  current  sensitivity  almost 
never  is  used,  and  is  largely  of  only  academic  interest. 

A  free  field  is  a  homogeneous  isotropic  medium  free  from  boundaries.  A 
perfect  free  field,  of  course,  never  is  achieved.  Much  of  the  cost  and  effort 
expended  in  underwater  electroacoustic  measurements  is  attributable  to  the  need 
for  establishing  good  approximations  to  free-field  conditions,  or  somehow  cir¬ 
cumventing  tire  need  for  a  free  field.  Reflecting  boundaries,  temperature 
gradients,  gas  bubbles,  marine  life,  and  so  forth,  all  contribute  to  imperfect  free- 
field  conditions.  A  free-field  measurement  is  one  in  which  an  assumption  of  free- 
field  conditions  is  si  necessary  part  of  the  measurement  theory ,  even  though  vari¬ 
ous  practical  means  (pulsed  sound,  sound  absorbers,  data  corrections  for  inter¬ 
ference  caused  by  reflections)  are  used  to  counteract  the  absence  of  a  true  free 
field.  Natural  bodies  of  water,  artificial  pools,  and  large  tanks  are  used  for  free- 
field  measurements. 

A  comparison  calibration  of  a  hydrophone  is  a  simple  measurement,  and  when 
properly  made,  it  is  reliable  and  accurate.  This  method  consists  of  subjecting 
tire  unknown,  or  Hydrophone  being  calibrated,  and  a  calibrated  reference  or 
standard  hydrophone  to  the  same  free-field  pressure,  and  thon  comparing  the 
electrical  output  voltages  of  the  two  hydrophones.  The  method  also  is  known 
as  the  substitution  method,  because  the  unknown  is  substituted  for  tire  standard 
without  otherwise  changing  tire  measurement  conditions. 

Assume  that  we  have  a  free-field  water  medium.  A  sound  field  is  established 
in  it  by  spherical  waves  emanating  from  a  projector.  Theoretically,  tire  charac¬ 
teristics  of  the  projector  arc  irrelevant.  It  is  necessary  only  that  it  produce  sound 
of  tire  desired  frequency  and  of  sufficiently  high  signal  level. 

The  standard  hydrophone  is  immersed  in  the  sound  field.  It  must  be  fur 
enough  from  tire  projector  that  it  intercepts  a  segment  of  the  spherical  wave 
small  enough  (or  having  a  radius  of  cutvaturc  large  enough)  that  the  segment  is 
indistinguishable  from  a  plane  wave  Note  that  five  definition  of  free-field 
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voltage  response  in  Section  1.5  specifies  pressure  in  a  plane  wave.  Any  nearby 
housing  for  preamplifiers  or  other  components  must  be  included  in  th»  dimen¬ 
sions  of  the  hydrophone  because  the  presence  of  such  housings  may  aifect  the 
sensitivity.  The  theory  and  practice  of  proximity  requirements  is  discussed  more 
fully  in  Section  3.4. 

Unless  the  standard  hydrophone  is  omnidirectional,  it  must  be  on  mted  so 
that  its  acoustic  axis  points  toward  the  projector.  The  open-circuit  output  volt¬ 
age  es  of  the  standard  hydiophone  in  such  a  position  anu  orientation  is  measured. 
The  standard  hydrophone  then  is  replaced  by  the  unknown  hydrophone,  and  the 
open-circuit  output  voltage  ex  of  the  unknown  is  measured.  If  the  free-field 
voltage  sensitivity  of  the  standard  is  Ms,  then  the  sensitivity  of  the  unknown  Mx 
is  found  from 


M,  =  ¥.€* 


(2-1) 


or,  in  decibels. 


20  log  A/jc  =  20  log Ms  +  20  log  e*  -  201ogeJ.  (2.2) 

In  spite  of  the  simplicity  of  the  method,  comparison  calibrations  are  subject 
to  error  of  four  general  types:  (1)  failure  to  measure  the  voltage  under  true 
open-circuit  conditions,  (2)  instability  of  the  standard,  (3)  absence  of  a  true 
free  field,  and  (4)  absence  of  a  sufficient  signal-to-noisc  ratio. 

The  output  voltage  and  the  sensitivity  of  a  hydrophone  are  measure  1  at  some 
specified  pair  of  electrical  terminals.  If  the  hydrophone  has  no  preamplifier,  the 
specified  terminals  are  at  the  end  of  the  cable,  and  the  cable  may  not  be  changed 
without  jeopardizing  the  calibration.  It  is  necessaiy  also  to  adopt  some  standard 
electrical  grounding  condition  like,  for  example,  connecting  both  a  ciblo  elec¬ 
trical  shield  and  one  conductor  to  electrical  grounv  at  the  cable  end. 

I  he  voltm  her  or  other  voltage-measuring  system  at  the  end  of  the  hydrophone 
cable  must  nave  an  input  impedance  very  high  in  comparison  with  the  hydro¬ 
phone  output  impedance  or  the  loading  effect  of  the  voltmeter  must  be  moasured, 
(See  Section  3.6.)  Hydrophones  with  small  high -impedance  piezoelectric  genera¬ 
tors  and  preamplifiers  arc  calibrated  either  al  the  teiminals  connecting  the 
pteAWleotric  generator  output  to  the  preamplifier  input,  or  at  the  end  of  the 
cable.  Tito  iortner  method  requires  a  special  calibration  or  coupling  circuit  (see 
Section  3.61  to  measure  the  combined  effect  of  the  absence  of  open-circuit  con¬ 
ditions  and  the  preamplifier  gam  or  loss.  This  "c  rystai  output"  type  of  calibra¬ 
tion  has  been  in  vogue  ewer  since  the  initial  development  of  sonar  calibration 
methods  in  World  War  11.  Its  philosophy  was  that  the  hydrophone  calibration 
should  be  independent  of  the  vagaries  of  preamplifiers;  however,  experience 
since  World  War  II  has  shown  dim  the  electronic  pt  'amplifier  (typically  a  cathode 
fofower)  usually  is  as  stable  as  the  electroacoustic  element.  Willi  this  experience 
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and  with  the  development  of  even  more  stable  solid-state  preamplifiers, 
end-of-cable  calibrations  now  are  acceptable  and  in  common  use.  The  problem 
of  measuring  an  open-circuit  voltage  is  common  to  all  calibration  techniques 
when  a  high-impedance  hydrophone  is  being  calibrated  or  being  used. 

Hydrophones  are  subject  to  many  influences  that  affect  the  stability  of  their 
sensitivity.  Hydrostatic  pressure,  temperature,  rough  handling,  marine  fouling, 
corrosion,  and  water  leakage  are  some  of  the  more  obvious  deleterious  influ¬ 
ences;  others  are  more  subtle,  but  no  less  important.  Many  hydrophones  have 
small  piezoelectric  or  piezoceramic  generators  with  very  high  electrical  im¬ 
pedances.  The  leakage  resistance  of  such  generators  must  remain  very  high-100 
to  1000  megohms  (see  Section  3.6).  The  usual  rubber  materials  that  protect  the 
generator  elements  from  the  water  medium  are  not  completely  waterproof.  Over 
a  period  of  a  year  or  so,  minute  amounts  of  water  will  diffuse  into  the  generator, 
lower  the  leakage  resistance,  and  cause  a  drop  in  sensitivity  at  low  frequencies. 
Subtle  chemical  changes  among  the  metals,  oils,  crystals,  rubbers,  plastics,  and 
so  forth,  also  will  tend  to  pollute  the  generator  environment  and  affect  the 
hydrophone  sensitivity.  With  the  present  state  of  the  art,  even  a  high-quality 
standard  hydrophone  should  be  recalibrated  at  least  once  a  year.  Sensitivities 
measured  at  some  nominal  temperature  and  hydrostatic  pressure  cannot  be 
assumed  to  be  valid  at  other  temperatures  and  pressures. 

The  absence  of  a  true  free  field  is  the  most  prevalent  source  of  error  or 
trouble.  Reflections  from  the  surface,  bottom,  walls,  piling,  rigging  equipment, 
etc,,  and  temperature  gradients,  gas  bubbles,  marine  life,  debris,  water  turbu¬ 
lence,  etc.,  ail  disturb  the  free-flald  conditions.  If  the  two  hydrophones  are 
influenced  equally  by  a  disturbance,  the  errors  cancel.  Often,  this  is  not  the 
case,  however.  For  example,  an  omnidirectional  hydrophone  will  be  more 
influenced  by  interference  from  reflections  than  will  be  a  directional  hydrophone. 
The  standard  should  be  as  much  like  the  unknown  hydrophone  in  size,  shapo, 
and  design  as  is  practical. 

A  variation  of  die  comparison  method  is  the  practice  of  simultaneously  im¬ 
mersing  both  the  standard  and  the  unknown  hydrophone  in  the  medium  and  in 
the  same  sound  field.  Since  the  two  hydrophones  cannot  be  in  the  same  position, 
this  technique  requires  some  assurance  that  the  sound  pressure  at  the  tvvo  loca¬ 
tions  is  the  same,  or  has  some  known  relationship.  If  the  hydrophones  are 
placed  close  together,  die  presence  of  one  may  influence  the  sound  pressure  at 
the  position  of  the  oilier,  and  the  frce-fleld  conditions  will  be  affected.  If  the 
hydrophones  arc  placed  far  apart,  reflections  from  boundaries  and  the  directivity 
of  the  projector  may  produce  unequal  pressures  at  the  two  locations.  If  the 
boundary  and  medium  conditions  are  stable,  the  relationship  between  the  sound 
pressures  at  the  two  locations  can  be  measured.  The  disadvantages  of  this  varia¬ 
tion  in  die  free-fleld  comparison  method  usually  outweigh  the  advantages,  and 
the  method  is  not  used  very  much. 

Tho  signal-to-noise  ratio  is  dte  ratio  of  the  signal  amplitude  being  measured 
to  the  unwanted  but  ever  present  electrical  and  acoustical  noise.  The  noise 
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must  be  low  relatwe  to  tlte  signal  if  the  latter  is  to  be  measured  accurately.  It  is 
this  limitation  that  makes  it  impossible  to  calibrate  hydrophones  of  very  low 
sensitivity. 

2.2.2  Standard  projector  calibration  of  a  hydrophone 

A  hydiophone  can  be  calibrated  by  reference  to  a  standard  projector  rather 
than  a  standard  hydrophone.  If  a  projector  is  driven  with  a  measured  current  is 
and  its  transmitting  current  response  Ss  is  known,  the  fre  .‘-field  sound  pressure  at 
a  point  d  meters  from  the  projector  and  on  its  acoustic  a  sis  is  isSjd.  If  a  hydro¬ 
phone  to  be  calibrated  is  placed  at  this  point  and  its  output  open-circuit  voltage 
is  cx  then  the  hydrophone  free-ficld  voltage  sensitivity  M  (  is 

AC  -  £  (2-3) 

Hie  distance  d  must  be  large  enough  so  that  proximity  eilects  are  negligible 

This  kind  of  calibration  measurement  requires  only  one  transducer  besides 
the  unknown  and  only  one  equipment  arrangement;  however,  the  calibration  and 
use  of  standard  projectors  has  serious  drawbacks  that  are  discussed  in  Section 
2.2.4 


2.2.3  Comparison  calibration  of  hydrophones  in  sma  I  tanks 

The  technique  if  simultaneously  subjecting  a  standard  and  an  unknown  hydro¬ 
phone  to  the  sat  te  sound  pressure  is  most  often  used  when  the  sound  is  pro¬ 
duced  in  i  small  closed  tank.  If  the  largest  dimension  of  a  closed  tank  is  much 
smaller  than  a  wavelength  of  sound  in  water,  the  sound  pressure  is  essentially  the 
same  everywhere  in  the  tank.  The  tank  must  be  cloned  in  the  sense  that  the 
water  medium  is  entirely  confined  by  high-impedance  or  rigid  boundaries.  Any 
water-air  surface,  air  bubble,  compliant  wall,  or  other  low-impedance  boundary 
wil.  result  in  high  pressure  gradients.  As  an  illustration,  consider  two  small  sec¬ 
tions  of  a  standing-wave  system  as  shown  m  Fig.  2.1 .  Where  the  wave  impedance 
is  high,  i  r  at  the  pressure  antmode,  the  pressure  amplitude  is  changing  slowly 
with  position;  where  the  wave  impedance  is  low,  or  at  the  pressure  node,  the 
pressure  amplitude  is  changing  rapidly  with  position. 

The  sound  pressure  acting  on  each  hydrophone  in  a  small  closed  rank  will  be 
esu-ntiall)  the  same.  This  sound  pressuse  is  the  actual  a  rplied  pressure,  however, 
and  the  relationship  between  this  applied  pressure  am  the  corresponding  free- 
tlcid  ptes-ute  must  be  known  if  u  tree-field  voltuge  set  sirivip  calibration  is  de- 
sited.  Wuen  a  hydrophone  is  calibrated  in  terms  of  die  applied  pressure,  the 
cu'ibr.ition  is  called  a  pmsur?  msitiwv,  To  visualize  the  relationship  between 
the  free-held  am  pressure  sensitivities,  consider  Fig.  1.2.  A  hydrophone  m  a 
free  field  is  tepr  settled  as  a  network  with  tw»  electrical  output  luminals  and 
two  acoustic  inp  o  terminals.  The  applied  pressure  appears  across  the  input 
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Fig.  2.1.  Pressure  and  velocity  distribution  in  a  standing-wave  system. 


terminals.  The  input  acoustical  impedance  is  Za.  The  free-fleld  plane  progres¬ 
sive  waves  of  pressure  p}-  that  impinge  on  the  hydrophone  are  represented  by  the 
acoustical  Thevenin  generator.  The  generator  pressure^  is  the  average  pressure 
acting  on  the  hydrophone  diaphragm  when  the  diaphragm  is  blocked,  or  when 
Za  ->  ».  The  generator  impedance  Z,  is  the  acoustical  impedance  observed  at  the 
hydrophone  terminals  when  looking  into  the  acoustical  generator.  Then  Z,  is  the 
radiation  impedance  observed  at  the  hydrophone  diaphragm  when  looking  out 
into  the  water.  The  relationship  between  the  blocked  pressure  and  the  free-fleld 
pressure  is  given  by 

ff  »  D,  (2.4) 

where  D  is  called  a  diffraction  constant.  The  value  of  D  depends  on  the  hydro¬ 
phone  size  and  the  wavelength,  and  can  vary  from  0  to  2.1  >2  If  L,  the  maximum 
dimension  of  the  hydrophone,  is  small  in  comparison  with  the  wavelength  X, 
however,  then#*  1.  (See Section  5.2  for  more  on  diffraction.) 

The  Mocked  pressure  and  the  applied  pressure  are  related  by 

rl  ‘  SwTr  <u) 

If  Z4  »  Zf>  then  pjpb  a  1.  Consequently,  If  /.  «  X  and  Z4  »  Z„  then 
Pf*Pi „  and  the  free-fleld  and  the  pressure  sensitivities  are  equal. 

As  a  general  rule,  pressure  sensitivities  are  measured  and  used  only  when  they 
are  die  same  as  (lie  free-fleld  sensitivity.  In  any  case,  a  valid  free-fleld  sensitivity 
calibration  in  a  small  tank  is  obtained  only  when  /, «  X  and  Z4  »  Z,  fur  all 
hydrophones  used.  These  criteria  apply  for  both  comparison  calibrations  and 
primary  calibrations  that  will  be  discussed  later.  An  exception  would  be  the 
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Fig.  2.2.  Elci  trical  analog  of  ;>  hydrophone  in  a  f  oe  field,  with  the  frce-field  sound  pres¬ 
sure  represented  as  an  acoustical  generator  according  to  Thevcnin's  Theorem;  pa  is  the 
applied  press ani.pj,  is  the  Thcvcnin  blocked  pressure,  Pf  is  the  free-field  pressure,  Z,  is  the 
hydrophone  radiation  impedance,  D  is  tho  diffraction  constant,  Z.a  is  the  hydrophone 
acoustical  impedance,  and  e  is  the  voltage. 


special  case  where  the  unknown  am!  the  standard  hydrophone  in  a  comparison 
calibration  I  ad  identical  Za,  Zr,  and  D. 

Since  ou.  hydrophone  must  fit  into  a  tank  that  is  much  smaller  than  a  wave¬ 
length,  the  loquirement  l  «  X  is  automata  ally  fulfilled,  and  Z,  must  be :  mall. 
Virtually  ali  conventional  hydrophones,  except  moving-coil  types,  meet  the 
Za  »  Z,  requirement,  except  near  a  resonance. 

In  summtry,  then,  it  is  feasible  to  calibre  to  small,  hard,  nonresonant  hydro¬ 
phones  in  small  closed  tank.1. 

Figure  2. > is  a  schematic  diagram  of  a  typical  dosed  tank  system.  Figure  2.4 
is  an  electrical  analog  cirtuit  of  the  system.  It  is  assumed  that  the  partiele 
velocity  in  the  rnedi  int  Is  negligible  except  near  the  j  rejector  diaphragm.  Conse¬ 
quently,  tte.tr  the  diaphrag  ».  the  acoustic  Impedance  is  the  Inertia  of  the  mass 
of  a  small  vo'ume  of  the  ntetllunt  neat  the  diaphragm.  Away  from  the  diaphragm, 
the  acoustic  impedance  is  mainly  the  compliance  ol  a  relatively  large  volume  of 
the  medium  The  impedances  of  the  tank  walls  or  boundaries  and  of  the  hydro- 
plumes  are  1 1  parallel  with  tie  medium  compliance,  lut  assumed  to  be  high.  The 
calibration  iotmula  is  the  sane  here  as  for  die  free-fie  d  calibration  case,  Eq.  (2.1 ) 
or  (2.2). 

In  tins  method,  he  medium  need  not  bt  water.  Other  liquids  may  be  used™ 
usually  to  obtain  a  longer  wavelength  or  to  liange  tire  electrical  conductance  of 
the  medium,  Air  or  other  gases  also  can  Ik  used,  but  only  at  the  sacrifice  of  a 
lower  maximum  triable  frequency.  A  wav? length  m  air  is  about  one-fifth  the 
wavelength  m  watc  at  the  .ante  frequency,  tire  asst  mption  of  a  tank  siae  much 
smaller  than  a  wavelength  becomes  invalid  in  air  at  a  requency  equal  to  one-fifth 
the  limiting  frequency  m  water.  Since  tlw  comp  ranee  C*  of  the  medium  in 
Figs.  2.3  ami  2.4  l>  comes  nigh  when  the  medium  is  air,/)  wtll  be  low  unless  the 
velocity  u  o  made  correq  ondmgK  large,  lire  velocity  can  be  made  large  by 
usirtg  air  It  jdspcalers  as  uojcctoiv  Since  using  dr  as  the  acoustic  medium 
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Fig.  2.3.  Typical  small  closed-tank  system;  S  is  the  standard 
hydrophone  and  X  is  the  unknown  hydrophone,  es  and  ex 
are  output  voltages,  m  is  the  mass  of  the  fluid  medium  near 
the  diaphragm,  and  C  is  the  compliance  of  the  fluid  medium 
away  from  the  diaphragm. 


m 


Fig.  2,4.  Electrical  analog  of  the  system  in  Fig.  2.3;  2**  Zs>  and  Z*  are 
the  impedances  of  the  walls,  the  standard  hydrophone,  and  the  unknown 
hydrophone;  p  is  the  pressure  in  that  part  of  the  tank  away  (torn  the 
diaphragm. 


results  in  a  low  impedance  every  where  in  the  tank  rather  titan  at  local  points  of 
low  impedance,  die  pressure  uniformity  is  not  disturbed  by  a  low-impedance 
hydrophone.  Hie  use  of  air  does  ailow  the  pressure  sensitivity  of  a  low-impedance 
hydrophone  to  be  measured,  but  such  calibrations  have  little  application  in 
underwater  acoustics, 

in  one  variation  of  this  technique,  the  tank  is  open  and  very  small .  it  is  so  small 
and  so  designed  that  all  of  the  water  is  represented  by  m  in  Pigs.  2.3  and  2.4, 
Zw  and  I  /tot  arc  aero,  and  Ute  hydrophones  are  placed  in  the  moving  mass  of  the 
water,  t-’uuhcr  details  about  this  rather  special  technique  are  given  in  Section  2.5 .2. 

2.2.4  Calibration  of  projectors 

A  projector  calibration  is  a  measurement  of  its  transmitting  current  or  voltage 
response.  The  current  response,  being  reciprocally  related  to  the  free-held  voltage 
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sensitivity,  is  preferred  in  calibration  work.  The  voltage  response  is  used  in 
sonar  engineering  and  other  practical  situations  where  voltage  is  a  more  common 
and  more  easily  measured  parameter  or  more  constant  with  frequency  than  cur¬ 
rent.  Neither  transmitting  response  is  recommended  for  use  in  precision  calibra¬ 
tion  work  because,  among  other  reasons,  such  application  requires  exceptionally 
good  free-field  conditions.  A  transmitting  response  is  referred  to  the  pressure 
produced  at  a  meter  away  from  the  projector  in  a  free  field.  In  practice,  measure¬ 
ments  may  be  made  with  even  longer  distance--.  The  pressure  and  the  response 
arc  dependent  on  both  the  transducer  and  the  medium  into  which  the  transducer 
radiates  s^und  energy.  In  calibrating  or  using  a  standard  projector,  there  is  less 
cancellation  of  interference  errors  than  there  is  in  the  comparison  calibration  of 
a  hydrophone  because,  in  the  hydrophone  calibration,  only  the  ratio  (or  differ¬ 
ence  in  dU)  of  two  voltages  is  measured, 

Typically,  the  plot  of  response  versus  frequency  for  a  projector  is  less  constant 
than  the  sensitivity  versus  frequency  curve  for  a  hydrophone.  Projectors  generally 
are  larger  than  standard  hydrophones  and  thus  are  more  subject  to  diffraction 
effects,  and  they  have  more  spurious  resonances.  Some  projectors  are  nonlinear 
and  unstable  at  or  near  a  resonance  frequency.  All  these  factors  weigh  against 
the  use  of  standard  projectors. 

Projectors  can  be  very  stable  at  off-resonance  frequeneies-more  stable  than 
small  hydrophones,  because  the  electrical  impedance  is  lower  and  less  sensitive 
to  changing  leakage  resistance  and  stray  capacitance.  Being  large,  they  also  are 
directional.  For  the  frequencies  at  which  projectors  are  stable  and  directional, 
they  can  be  calibrated  and  used  as  hydrophones.  Most  standard  hydrophones  are 
small  only  because  small  hydrophones  are  versatile;  that  is,  they  are  omni¬ 
directional  and  their  sensitivities  are  constant  over  a  wide  range  of  frequencies 
(see  Section  5.2). 

Projectors  usually  are  calibrated  only  when  they  are  being  evaluated  as  a  part 
of  a  sonar,  oceanographic,  or  other  underwater  electroacoustic  system.  The 
calibration  measurements  are  made  by  placing  the  projector  in  a  free  field  and 
electrically  driving  it  with  an  arbitrary  nominal  current  lx  or  voltage  «x.  A 
standard  hydrophone  with  free-field  voltage  sensitivity  Mt  is  pi.net  d  at  a  distance 
of  d  meters  from  the  projector  and  on  the  acoustic  axis  of  the  projector.  Hie 
open-circuit  output  voltage  of  the  hydrophone  is  measured.  Tire  transmitting 
current  response  Sx  or  voltage  response  $x '  is,  then. 


AM*4 

(2-6) 

Note  that  iiq.  (  2.b)  is  a  rearrangement  of  Iiq.  (2J»  with  tire  roles  and  the  sub¬ 
scripts  of  me  standard  and  the  unknown  interchanged. 
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An  alternate  method  of  measuring  S  is  a  projector  comparison  calibration  that 
is  analogous  to  the  hydrophone  comparison  calibration.  That  is,  a  standard  pro¬ 
jector  transmits  sound  that  is  measured  by  an  uncalibrated  hydrophone.  The 
standard  projector  then  is  replaced  by  the  unknown,  and  the  current  (or  voltage) 
driving  the  unknown  is  adjusted  until  the  hydrophone  output  voltage  is  the  same 
as  that  for  the  standard  projector.  Then, 


Sx  = 


_  S,is 


p  '  _ 


(2.8) 

(2.9) 


where  Sx  and  St  are  the  transmitting  current  responses  and  Sx'  and  S3'  are  the 
transmitting  vdtage  responses  of  the  unknown  and  the  standard;  ix  and  /,  are  the 
respective  driving  currents;  and  ex  and  e„  the  respective  driving  voltages. 

As  in  hydrophone  comparison  methods,  errors  due  to  reflection  interference 
may  tend  to  cancel  out  in  projector  comparisons;  however,  projectors  are  more 
often  dissimilar  in  size,  shape,  and  directivity  patterns  than  are  hydrophones. 
This  advantage  in  the  projector  comparison  method,  therefore,  is  limited  to  the 
exceptional  case  where  the  standard  and  unknown  are  of  the  same  or  similar 
desip. 

All  transmitting  responses  are  defined  in  terms  of  the  radiated  pressure  at  one 
meter  from  die  acoustic  center  of  the  projector.  This  definition  does  not  mean 
that  the  measurements  are  made  with  one  meter  separating  the  projector  and 
hydrophone.  If  a  projector  is  large,  the  one»meter  point  may  be  in  the  near  field 
or  Fresnel  2.one  of  die  transducer.  It  may  even  be  inside  the  projector  itself,  as, 
for  example,  in  a  cylindrical  projector  of  2-m  radius!  Then,  die  actual  measure¬ 
ments  are  made  at  some  distance  larger  than  one  meter  where  the  diverging  waves 
are  spherical  and  the  inverse  square  law  applies— that  Is,  where  the  energy  density 
or  die  square  of  the  pressure  in  die  wave  is  diminishing  in  proportion  to  the 
inverse  square  of  the  distance.  The  sound  pressure  then  is  inversely  proportional 
to  distance.  Values  of  pressure  measured  at  d  meters  ate  converted  to  values  at 
one  meter  by  multiplying  them  by  d.  For  example,  a  transmitting  response 
measured  at  4  meters  should  be  multiplied  by  4,  or,  in  the  decibel  system,  20 
log 4,  or  12  dB  should  be  added. 

Most  electroacoustic  projectors  are  reciprocal,  except  perhaps  at  a  hig.H  Q 
resonance  frequency.  The  transmitting  current  response  can  be  obtained,  there¬ 
fore,  by  calibrating  the  transducer  as  a  hydrophone  and  computing  die  trans¬ 
mitting  response  S  from  the  reciprocity  relation  S  *  M/Jt  where  M  is  die  free* 
field  voltage  sensitivity  and  J  is  die  reciprocity  parameter  (see  Section  3.1  S.2). 
The  reciprocity  of  die  projector  should  be  verified  by  the  procedure  described 
in  Section  2  J. 
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2.3  Reciprocity  Methods 

The  reciprocity  principle  as  applied  to  electroacoustics  was  introduced  by 
Schottky3  in  1926  and  Ballantine4  in  1929.  Mai  Lean^  and  Cook6  first  used  it 
for  calibration  purposes  in  1940  and  1941.  The  Underw;  ter  Sound  Reference 
Laboratory  of  Columbia  University  Division  of  War  Resc.uch  (and  later  of  the 
Navy)  developed  the  method  for  sonar  calibration.7 

The  reciprocity  principle  is  used  in  a  family  of  calibration  methods.  When  the 
term  reciprocity  calibration  is  used  without  qualification  in  underwater  acous¬ 
tics,  it  usually  pertains  to  the  most  widely  used  of  the  many  reciprocity  methods. 
This  method  will  be  called  conventional  reciprocity.  A  more  descriptive  name 
that  would  distinguish  it  from  other  variations  o1'  the  method  would  be  three- 
transducer  spherical-wave  reciprocity. 

All  reciprocity  methods  depend  on  one  electroacoustic  transducer  being 
reciprocal;  that  is,  the  ratio  of  its  receiving  sensitivity  M  to  its  transmitting 
response  S  must  be  equal  to  a  constant  J  called  the  reciprocity  parameter.  Tins 
parameter  depends  on  the  acoustic  medium,  the  frequency ,  and  the  boundary  con¬ 
ditions,  but  is  independent  of  the  type  or  construction  details  of  the  transducer. 

To  be  reciprocal,  a  transducer  must  be  linear,  passive,  and  reversible.  Not  all 
lineai,  passive,  and  reversible  transducers  are 'reciprocal,6  however;  an  example 
is  a  transducer  that  contains  both  piezoelectric  and  magnetostrictive  elements.^ 
Although  most  conventional  transducers  (i.e„  piezoelectric,  piezoceramic, 
maguctostrictive,  moving-coil,  etc.)  are  reciprocal  at  nominal  signal  levels,  a 
reliable  reciprocity  calibration  requires  some  assurance  that  the  presumed 
reciprocal  transducer  is  indeed  reciprocal.  Titer-*  is,  unfortunately,  no  known 
absolute  method  for  determining  this,  but  there  are  methods  for  ascertaining 
that  the  probability  ol  a  transducer's  being  reciprocal  is  very  high. 

A  method  that  is  tasy  to  use  in  connection  with  a  reciprocity  calibration  is 
refer  ed  to  simply  as  a  reciprocity  check,  (  onsidei  two  reversible  transducers  T| 
and  Tj  placed  in  any  arbitrary  positions  in  iho  sam*  medium.  Drive  T, 
with  a  current  i\  and  measure  the  open-clo  cut  voltage  output  c2oi'  T}.  Without 
changing  the  positions  of  the  transducers  of  the  boundary  conditions,  reverse  the 
sign:  I  direction;  that  is,  drive  Ts  with  a  current  i;  and  measure  the  output  et  of 
T).  Now,  if  the  system  comprised  of  the  two  transducers  and  the  water  medium 
and  ts  boundaries  is  reciprocal,  then  r?2 H (  “  /r3.  It  does  not  necessarily  fol¬ 
low  hat  the  system  and  its  individual  parts  aie  reciprocal  if  63  but 

litis  s  a  safe  assumption  in  practice,  if  1 1  and  Tj  are  dissimilar  transducers, 
Usin4  dissimilar  transducers  avoids  the  possibilite  dial  both  are  nonreciprocal 
but  *j/(|  and  c( //2  an*  coincidentally  equal  as  would  be  the  case,  for  example,  if 
boil  transducers  wen  identically  nonlittc  tr.  As  we  dial-  see,  these  reciprocity 
cltec  v  measurements  are  easily  combined  with  the  necessary  measurements  in  a 
conunilonal  reciprocity  calibration. 

hi  a  second  method,  a  hydrophone  is  calibrated  by  :  reciprocity  technique 
and  then  bv  any  of  the  several  other  independent  methods  described  in  tins 
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chapter.  If  the  results  are  the  same,  the  agreement  is  evidence  that  all  the  as¬ 
sumptions  of  both  methods  are  valid.  Among  these  is  the  assumption  of  a 
reciprocal  transducer.  It  should  not  be  forgotten,  however,  that  the  agreement 
is  evidence-not  proof!  Both  methods  could  be  wrong,  and  the  errors  could 
coincidentally  be  equal. 

Among  the  various  reciprocity  methods  to  be  discussed,  the  two-transducer 
and  self-reciprocity  methods  are  special  cases  of  conventional  reciprocity.  The 
remaining  variations  all  pertain  to  special  boundary  conditions.  Among  the 
latter,  the  definitions  of  M,  S.  or  both,  differ  from  the  definitions  for  free-fteld 
conditions.  Since  S,  more  thanrtf,  depends  on  the  medium  and  medium  bound¬ 
aries,  it  usually  is  S  that  is  different.  It  can  be  shown  that  the  reciprocity  param¬ 
eter  J  in  each  case  is  the  ratio  of  the  volume  velocity  emanating  from  the 
reciprocal  transducer  to  the  resulting  sound  pressure  used  in  the  definition  of 
S,  10  as  for  example,  the  pressure  at  a  point  on  the  axis  at  one  meter.  The  param¬ 
eter'  thus  is  a  transfer  acoustical  admittance  of  the  medium  and  medium 
boundaries. 


2.3.1  Conventional  reciprocity 

A  conventional  reciprocity  calibration  requires  three  transducers  of  which  one 
serves  only  as  a  projector  P,  one  is  a  reciprocal  transducer  T  and  serves  as  bath  a 
projector  and  a  hydrophone,  and  one  serves  only  as  a  hydrophone  H.  Any  one 
of  the  three  transducers  can  be  the  unknown  or  the  one  being  calibrated;  how¬ 
ever,  (lie  calibration  formula  usually  is  derived  for  tire  free-field  voltage  sensitivity 
Mu  of  tire  hydrophone.  The  measurements  are  made  in  free-field  far-fteld  condi¬ 
tions  so  that  only  spherical  waves  emanating  from  the  projector  impinge  on  the 
hydrophone. 

The  arrangements  and  measurements  made  are  shown  schematically  in  Fig.  2.S. 
Only  the  first  three  shown,  or  (a),  (b),  and  (c)  hr  Fig.  2,5,  are  necessary  for  the 
calibration. 
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t  ie  4.5.  Diiftsm  of  the  three  Meaiutcmenli  fa),  (b),  end  (c)  for  a 
reciprocity  calibration;  and  a  fourth  mcaiurcraeru  (d)  for  a  reciprocity 
check  of  the  lerqabte  trtnaducer  T. 
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The  frcc-field  voltage  sensitivity  of  the  hydrophone  is  obtained  from  the 
first  three  measurements  as  follows.  The  frec-field  sound  pressure  pP  produced 
by  P  at  the  position  of  H  or  T,d ,  centimeters  from  P,  is  iPSPd0jd\ ,  where  Sp  is 
tire  transmitting  current  response  of  P,  and  dn  is  the  reference  distance  in  centi¬ 
meters  at  which  the  transmitted  pressure  is  specified  in  the  definition  of  SP 
(usually  100  cm).  Then, 

ePll  =  MHi>p  -  — —  ,  (2,10) 


and 


Uf>T  =  Mj -pp 


Af'pip&pdQ 


(2.11) 


whore  Aip  is  the  free-field  voltage  sensitivity  of  T.  From  Eqs.  (2.10)  and  (2.1 1), 


eMl  a 
epi  Mp ' 


(2.12) 


lfT  is  a  reciprocal  transducer, 


Mr  _  » 
T"4,  =  J, 
»V 


(2.13) 


and,  from  liqs.  (2. 12)  and  (2. 1 3), 


M„ 


JSp&pff 

tlpT 


(2.14) 


Ttie  free-field  m  ml  pressure  Pr  pro  ! need  by  T  at  the  position  ef  H,  dx  eenti- 
meters  ft  am  T,  is  iTHtd^dx>  where  ,S  f  ii  the  transmitting  current  response  of  T. 
Then 


&ru  *  MtfPf  *  i  (2.1$) 

and  from  I^(2-14) ami  (2.1$). 


flic  teetproc  t}  parameter  J  »  dmved  in  the  iiteraniie;$.H  n  n  equal  to 
(Sd^/p/JIO^.whercpnUte density  ©’  the  medium  m  guns  per  cubic  centimeter 
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and  /  is  the  frequency  in  hertz.  The  factor  10~7  arises  from  the  use  of  a  mixed 
system  of  units,  since  the  dimension  of  /  is  volt-amperes/microbar2 .  The  voltage 
and  current  are  measured  in  MKS  volts  and  amperes.  The  distance,  density,  and 
pressure  are  measured  in  cgs  units.  The  ratio  £?i/d0  does  not  usually  appear  in 
Eq.  (2.16)  because  either  the  voltages  are  corrected  to  what  they  would  be  if 
d\  -  100  cm  and  </,//0  =  1 ,  or  (dl/d0)  (2 d0/pf)  is  combined.  That  is,/ is  defined 
as  Mj/p/ instead  of  2 d0/pf.  When  voltage  corrections  are  used,  it  must  be  re¬ 
membered  that  the  voltage  is  proportional  to  the  sound  pressure,  not  the  intensity. 
In  a  spherically  divergent  wave,  the  voltage  therefore  is  proportional  to  the  dis¬ 
tance,  not  the  distance  squared.  Assuming  that  either  d i  =  dQ  or  that  /  =  2 dxlpf, 
Eq.  (2.16)  becomes 


Mh 


\  ePTlT  j 


(2.17) 


Now,  taking  H  as  a  calibrated  standard,  P  and  T’  can  be  calibrated  by  secondary 
calibration  methods.  If  the  projector  P  also  is  a  reciprocal  transducer  and  the 
additional  measurement  (d)  in  Fig.  2.5  is  made,  then  measurements  (b)  and  (d) 
constitute  the  reciprocity  check  described  in  Section  2.3.  That  is,  both  P  and  T 
are  assumed  reciprocal  if  epplip  -  epp/ip.  From  measurements  (a),  (c),  and  (d), 

■  (^')*  <2-,8> 

The  numerators  of  Eqs.  (2.17)  and  (2.18)  are  identical  and  the  denominators  are 
equal.  The  addition  of  a  fourth  measurement  to  the  necessary  three  provides 
both  a  reciprocity  check  and  some  redundancy  that  Increases  the  reliability  of 
the  measurements. 

All  of  the  reciprocity  measurements  are  subject  to  the  same  errors  described 
for  free-field  measurements  in  Sections  2.2.1  and  2.2.3.  However,  the  square  root 
in  Eq.  (2.18)  reduces  the  magnitude  of  some  errors. 

It  can  be  seen  from  Eq.  (2.1 7)  that  the  electrical  standard  in  a  reciprocity  cali¬ 
bration  is  an  e/i  ratio  or  an  impedance.  The  current  iT  can  be  measured  as  the 
voltage  drop  eT  across  a  standard  impedance-usuajly  a  resistance  R.  Then, 
Eq.  (2.17)  becomes 


Mh 


=  / g m*m 

\  GppCp  ■&) 


(2.19) 


Since  the  f  .  voltages  appear  as  a  dimensionless  ratio,  they  can  be  measured  by 
an  uncalibrated  voltmeter,  Because  the  voltages  may  vary  widoly  in  magnitude, 
however,  the  voltmeter  must  be  linear,  or  a  calibrated  attenuator  must  be  used 
to  compare  them. 
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2.3.2  Two-transducer  reciprocity 

If  two  transducers  have  identical  sensitivity  and  are  used  as  the  hydrophone 
and  reciprocal  transducer  in  a  conventional  reciprocity  caiibration,  epx  and 
epH  in  Fig.  2.5  become  the  same  and  l£q.  (2.17)  reduces  to 

%=(^77F'  (120) 


it  appears,  then,  that  only  two  transducers  and  om  measurement-that  is,  (c)  in 
Fig.  2.5-are  necessary  for  a  caiibration.  This  is  not  really  true,  because  there  is 
no  way  of  verifying  that  two  transducers  have  the  same  sensitivity  without  re¬ 
sorting  to  a  third  transducer  and  two  more  measurements.  For  example,  the  two 
transducers  could  be  compared  by  subjecting  each  to  the  same  sound  pressure 
produced  by  a  third  transducer;  however,  this  is  equivalent  to  measurements  (a) 
and  (b)  in  Fig.  2.5.  Thus,  the  two-transducer  recipi  >city  method  is  a  special  case 
of  the  conventional  method  in  which  two  of  the  three  measurements  perhaps  have 
been  made  at  some  earlier  time  and  place.  Tire  two -transducer  technique  usually 
is  used  as  a  quick  method  of  verifying  or  monitoring  a  prior  calibration;  it  is  not  a 
true  primary  calibration. 

2.3.3  Self-reciprocity 

The  tvo-transdu.er  rccipiocity  method  can  be  t  true  primary  method  if  the 
same  trui  stiueer  is  used  as  both  the  hydropnone  and  the  reciprocal  transducer. 
This  can  Ire  done  b;  reflecting  the  transmitted  signal  back  to  the  transducer  so 
tlmi  it  receives  its  own  signal.  Tins  self-reciprocity  arrangement  is  shown  sche¬ 
matically  in  Fig,  2.o.  The  image  of  the  transducer  can  be  thought  of  as  the 
second  transducer.  'I  heoreticully ,  the  reflection  must  be  perfect  so  that  the  trans¬ 
mitting  current  response  of  the  image  is  identical  to  that  of  tire  real  transducer. 
In  Carstcnsen’songina'  self-reciprocity  technique, 12  ,i  connected  transnt  ttittg  and 
receiving  electronic  vynem  was  used  to  drive  the  transducer  with  a  current  iT  and 
measure  the  received  open*  ireuit  voltage  Pulsed  signals  were  used,  and 
(‘in  and  ir  were  meisured  separately.  The  free-fteld  voltage  sensitivity  Mtl  is 
given  by  Fq.  (2,20).  Sabi  r  improved  this  technique  by  measuring  the  ratio 
•truth  ;is  ml  impet'anee.*5  The  transducer  can  he  represented  according  to 
Thevenin’*  Theorem  by  the  circuit  in  Fig.  2.7.  Ti  c  total  impedance  Zr  of  this 
circuit,  when  it  U  being  driven  by  the  cunent  >r  and  before  the  reflected  signal 
i‘rn  is  received,  is  tire  Iree-field  impedance  //.  When  the  transducer  is  being 
driven  both  electrically  by  r  and  acoustically  by  the  received  reflected  signal 
Hjft.  the  total  impedancc  z7  is  given  by 

tv  *  t,  *  (2.21) 
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Thus,  the  ratio  eTHjir  is  obtained  as  the  difference  AZ  between  two  impedance 
measurements 


fM  =  ZT  -  Zf  -  AZ, 

h 


and  the  free-field  voltage  sensitivity  becomes 


=  (A ZJ)*. 


(2.22) 


(2.23) 


Fig.  2.6.  Arrangement  for  a  self-reciprocity  calibration. 


Pig.  2.7,  Schematic  diagram  of  a  transducer  being  driven  both  electrically  with 
current  /j>  and  acoustically  with  received  open -circuit  voltage 


To  make  such  measurements,  it  is  necessary  to  drive  the  transducer  by  placing 
it  In  the  “unknown"  arm  of  an  impedance  bridge  and  to  use  pulsed  sound.  The 
relationship  among  Zf  Zf  and  AZ  is  shown  in  Bg.  2.8.  The  phase  of  AZ  or 
Hftffb  i*  variable  and  arbitrary  because  it  depends  on  the  distance  traveled  by 
the  sound  pulse  or  twice  the  distance  from  the  transducer  to  the  reflector,  which 
also  Is  tiro  distance  used  in  h  U  is  possible,  therefore,  to  arrange  for  AZ  to  be  a 
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simple  change  in  resistance  only  (or  reactance  only),  and  reduce  the  calibration 
to  a  single  turn  of  one  knob  on  an  impedance  bridge.  The  signal  from  the  re¬ 
flected  pulse  has  much  the  same  effect  on  the  transducer  impedance  as  does  a 
standing  wave  in  the  medium.  The  impedance  method  is  feasible  only  when  A Z 
is  large  enough  to  measure  as  the  difference  ZT~Zf.  In  practice,  this  is  true  in 
the  frequency  range  near  resonance  where  the  motional  impedance  can  be 
separated  from  the  blocked  impedance. 


In  the  impedance  version  of  this  technique,  the  reflector  must  be  a  smooth 
plane  and  the  reflevtor-to-transducor  distance  must  be  very  stable  because  the 
phase  of  the  impedance  is  sensitive  to  small  changes  in  the  geometry.  In  the 
pulsod-sound  version,  phase  is  not  involved,  and  the  geometry  is  not  so  critical. 
In  addition,  with  pulsed  sound,  numerous  redundant  measurements  can  be  made 
more  easily  and  averaged.  Paitersonl4  has  reported  a  self-reciprocity  calibration 
with  the  ocean  surfuce  as  the  reflector,  and  the  transducer  suspended  at  a  1 200-1‘t 
depth.  The  ocean  surface  waves  were  1  1 1  u^n.  The  signal  wavelength'was  3.3  ft 
(1.78  kHz).  Sixty -eight  pulses  or  separate  measurements  were  made.  Although 
no  direct  comparison  was  mr.de  with  a  separate  independent  technique,  it  was 
estimated  that  a  field  calibration  accuracy  of  ±.:  dB  could  be  obtained  with  this 
ocean  self-reciprocity  method. 
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2.3.4  Cylindrical-wave  reciprocity 

Cylindrical-wave  reciprocity  is  a  reciprocity  calibration  measurement  made 
under  the  special  conditions  that  only  cylindrical  waves  are  propagated  between 
the  projector  and  hydrophone,  This  condition  exists  between  two  parallel  long- 
line  or  thin-cylinder  transducers  as  shown  in  Fig.  2.9.  The  distance  separating  the 
two  lines  must  be  small  enough  so  the  hydrophone  is  in  the  near  field  of  the  pro¬ 
jector  where  the  sound  energy  is  propagated  with  two-dimensional  spreading. 
The  sound  pressure  on  the  line  hydrophone  will  vary  from  point  to  point,  but 
the  pressure  averaged  along  the  line  will  be  inversely  proportional  to  the  distance 
d.  The  cylindrical-wave  region  exists  for  values  of  X/2  <  d  <  L2I\  where  L  is 
the  length  of  the  line.  The  same  three-transducer  arrangements  and  measure¬ 
ments  as  used  in  conventional  reciprocity  shown  in  Figs.  2.5  and  Eq.  (2.17)  are 
used,  but  the  reciprocity  parameter  is  different.  The  cylindrical  wave  reciprocity 
parameter  was  derived  by  Bobber  and  Sabin:15 


10-7 


(2-24) 


Fig.  2.9.  Cylindrical-wave  elec¬ 
troacoustic  system. 


The  receiving  sensitivity  that  is  measured  is  M  «  eoe/pt ,  where  pc  now  is  the 
sound  pressure  averaged  along  the  line  of  the  hydrophone.  Since  the  effect  of 
Uiis  average  pressure  on  a  true  line  hydrophone-that  is,  a  cylindrical  hydrophone 
of  negligible  diameter-is  indistinguishable  from  the  effect  of  a  plane  wave  of  the 
same  pressure,  the  measured  receiving  sensitivity  is  the  free-field  voltage  sensi¬ 
tivity.  The  transmitting  response  is  pe/i,  which  differs,  of  course,  from  the  free- 
field  transmitting  current  response. 

Cylindrical-wave  reciprocity  is  a  specialized  technique  of  limited  practical 
application.  It  lias  found  use  in  Die  Trou  near-Held  calibration  method  described 
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in  Chapter  IV.  It  also  can  be  combined  with  the  self-reciprocity  technique,  in 
which  case  the  calibration  formula  becomes 

Mh  =  (A ZJey\  (2.25) 


2.3.5  Plane-wave  reciprocity 

Plane-wave  reciprocity  is  a  reciprocity  calibration  measurement  made  under 
the  special  condition  that  o.ily  plane  progressive  waves  are  propagated  between 
the  projector  and  hydrophone.  This  condition  exists,  for  example,  between  two 
large  piston  transducers  as  shown  in  Fig.  2.10.  The  distance  separating  the  two 
transducers  must  be  small  enough  so  that  the  Itydrophone  is  in  the  near  field  of 
tite  projector.  In  the  near  field  of  a  large  piston  radiator,  the  sound  is  propagated 
in  a  nondivergent  or  collimated  beam.  Although  the  sound  pressure  varies  from 
point  to  point,  the  average  sound  pressure  in  any  plane  parallel  to  the  radiating 
piston  face  is  uniform;  therefore,  the  sound  energy  in  the  near  field  is,  in  effect, 
propagated  as  plane  progressive  waves.  This  effective  plane-wave  region  extends 
for  a  distance  d  =  r-/X  from  the  projector,  where  r  is  the  radius  of  the  piston 
radiator  and  X  is  the  wavelength.  For  piston  shapes  other  than  round,  r  can  be 
taken  as  hall  the  shortest  width  dimension.  The  distance  d  cannot  be  shorter 
than  a  few  wavelengths,  because  pulsed  sound  is  used  to  avoid  standing  waves. 


PROJECTOR 


rn 

dJ 


hydrophone 


Fig.  2.10.  Plane  waves  between  two  Uosety  spaced  parallel  piston  transducers. 


Figure  2.10  could  represent  also  the  condition  in  a  rigid-walled  tube.  Tito 
transducers  would  fid  the  tube  cross  section,  and  true  plane  waves  would  propa¬ 
gate  between  transducers, 

Again,  the  three-  ransdueer  arrangement  shown  tn  Fig.  2,5  for  conventional 
reciprocity  and  Eq.  >2,17)  ate  used  for  plane-wave  reciprocity  calibration.  The 
reciprocity  parameter  is  different,  however;  it  is  given  by  Simmons  and  Urtck  >6 
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Jp  =  (2.26) 

where  A  is  the  area  of  the  piston,  beam,  or  tube  cross  section  in  square  centi¬ 
meters;  p  is  the  density  of  the  medium  in  grams  per  cubic  centimeter;  and  c  is  the 
speed  of  sound  in  centimeters  per  second.  The  measured  receiving  sensitivity  is 
M  =  eoclpp,  where  pp  is  the  average  plane-wave  pressure.  Since  the  average  pres¬ 
sure  is  indistinguishable  from  a  uniform  plane-wave  pressure,  tire  receiving  sensi¬ 
tivity  Af  will  be  the  same  as  the  free-field  voltage  sensitivity.  The  transmitting 
response  is  ppli,  which,  again,  is  different  from  the  free-field  transmitting  current 
response. 

Piane-wave  reciprocity,  like  cylindrical-wave  reciprocity,  is  a  specialized 
method.  In  its  original  form  as  developed  by  Simmons  and  Urick,  it  is  useful 
only  with  large  ultrasonic  transducers.  In  a  modified  form,  it  is  used  in  a  tube  at 
audio  frequencies.  Tube  reciprocity  is  described  in  the  next  section. 

Plane-wave  reciprocity,  like  cylindrical-wave  reciprocity,  is  used  in  the  Trott 
near-field  techniques  and  can  be  combined  with  self  reciprocity  where 


Mh  =  (A ZJp)K 


.  (2.27) 


2.3.6  Tube  reciprocity 

Tube  reciprocity  requires  the  use  of  the  three  transducers  labeled  P,  T,  and  H 
in  Fig.  2.1 1 :  P  is  the  projector,  T  is  the  reciprocal  transducer,  and  H  is  the  hydro¬ 
phone.  The  second  projector  P'  is  used  as  an  active  impedance  to  control  the 
reflections  from  die  left-hand  end,  thereby  controlling  the  wave  conditions  in  the 
tube.  The  conventional  three  measurements  of  Fig.  2.5  and  Eq.  (2.17)  are  used 
to  calibrate  the  hydrophone.  The  two  measurements  P  T  and  P  -*  H  are  ob¬ 
tained  with  the  arrangement  in  Fig.  2.1  la.  Sound  emanates  from  P  and  travels  in 
plane  progressive  waves  past  H  and  impinges  on  T.  Wifli  proper  control  of  the 
magnitude  and  phase  of  the  signal  to  P’  with  respect  to  the  signal  to  P,  the  waves 
impinging  on  T  are  not  reflected;  ail  the  sound  energy  is  absorbed  by  T  or  passes 
on  to  be  absorbed  by  P'.  The  measurement  T  ■+  H  is  made  with  the  arrangement 
shown  In  Fig.  2.11b.  Sound  now  emanates  from  T.  Plane  progressive  waves 
travel  in  both  directions  and  are  absorbed  by  P  and  P\  In  this  case,  P  and  P'  act 
as  the  characteristic  impedance  of  the  acoustic  transmission  line. 

Beatty  gives  die  reciprocity  parameter  for  this  method  as  J*  2 A) pc  where  A  is 
the  cross  section  of  the  tube.l?,)8  Although  the  parameter  1  is  die  same  as  that 
for  the  plane-wave  reciprocity  method,  there  are  several  important  dteoretical 
and  practical  differences  between  Simmons  and  Urtek's  plane-wave  reciprocity 
and  Beatty's  tube  reciprocity.  In  the  tube,  the  transducers  are  not  in  the  near 
field  of  each  odier.  The  transducers  may  be  very  smalt,  and  die  reciprocal 
transducer  T  and  hydrophone  H  must  be  smaller  than  the  cross  section  of  the 
tube.  Thus,  when  T  is  transmitting,  there  is  a  region  near  the  transducer  where 
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Fig.  2.1 1.  Two  iinangumcnlj  for  measurements  In  tube  reciprocity  calibration. 


the  sound  energy  diverges  from  the  transducer  before  it  propagates  as  plane  pro* 
rtressive  waves.  In  practice,  the  same  is  true  for  the  projector  P.  Continuous- 
wave  rather  titan  pulsed  sound  is  used  in  the  tube.  The  high-frequency  limit  for 
the  tube  method  is  set  by  the  tube  diameter.  When  the  diameter  is  greater  titan 
about  one  third  of  a  wavelength,  the  sound  pressure  no  longer  is  uniform  in  a 
cross-sec1  ion  plane. 

Idle  receiving  sensitivity  Afw  of  the  hydrophone  measured  in  the  tube  is  the 
same  as  the  frev-fiald  voltage  sensitivity,  fhe  receiving  sensitivity  Mr  of  the 
reciprocal  transducer  is  tin  same  as  the  free  field  voltage  sensitivity,  if  the  trans¬ 
ducer  is  not  resonant.  If  it  is  resonunt,  a  frequency  adjustment  or  correction 
/“A  I  ”  A/)  must  be  used  The  term  A/is  tire  difference  between  the  resonance 
frequent  y  in  the  tube  and  in  a  free  Held.  The  measured  frequency  is  A  and  the 
adjusted  frequency  is  /. 

The  tube  recipn^ity  method  is  useful  for  calibrating  resonant  transducers  in 
high -pre  sure  vessels.  The  Underwater  Sound  Kefetcnce  Division  of  the  Naval 
Research  Laboraioty  (USRiXNRL)  has  a  tube  SO  ft  long  and  IS  in.  in  iiameter 
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for  hydrostatic  pressures  to  8500  psig  and  frequencies  from  40  to  1 500  Hz,  and  a 
tube  8  ft  long,  8  in.  in  diameter,  for  hydrostatic  pressures  to  10,000  psi  and  fre¬ 
quencies  from  10  to  4000  Hz. 


2.3.7  Coupler  reciprocity 

The  term  coupler  as  used  in  acoustics  refers  to  a  small  chamber  that  is  used 
to  couple  or  connect  a  projector  (or  loudspeaker)  and  a  hydrophone  together 
acoustically.  The  chamber  is  small  in  comparison  with  a  wavelength  of  sound  in 
the  medium  in  the  chamber,  and  the  chamber  boundaries  have  a  high  acoustical 
impedance.  The  sound  pressure  is  then  essentially  the  same  everywhere  in  the 
chamber,  and  the  sound  pressure  produced  by  the  projector  is  the  same  as  that 
acting  on  the  hydrophone. 

A  coupler  chamber  is  similar  to  the  small  tanks  discussed  in  Section  2.2.3  for 
comparison  calibrations.  It  differs  in  one  important  respect,  however:  Whereas 
the  pressure  in  the  tank  in  Fig.  2.3  is  the  same  everywhere  except  near  the  sound 
source,  no  such  exception  is  allowed  in  the  coupler.  The  acoustic  mass  m  in 
Figs.  2.3  and  2.4  must  be  eliminated  so  that  the  pressure  acting  on  the  hydro¬ 
phone  is  the  same  as  the  generator  ptessure.  This  is  accomplished  by  making  the 
chamber  extremely  small-so  small  that  the  transducers  usually  are  inserted  only 
partially  into  the  chamber;  that  is,  the  transducer  diaphragms  form  part  of  the 
chamber  wall  or  chamber  boundaries, 

Figure  2.12  is  a  schematic  diagram  of  a  coupler  containing  three  transducers. 
As  in  the  other  reciprocity  methods,  P  is  a  projector,  T  is  a  reciprocal  transducer, 
and  H  is  a  hydrophone.  The  same  three  conventional  measurements  of  Fig.  2.S 
and  Eq.  (2.17)  are  used.  The  reciprocity  parameter  in  this  case  is  /  =  InfC, 
where  /  is  the  frequency  and  C  is  the  acoustical  compliance  of  tire  medium  and 
medium  boundaries  when  f  is  transmitting.  Tire  electrical  analog  of  the  acoustical 
system  is  the  circuit  shown  in  Fig.  2.13.  It  is  assumed  that  the  transducers, 
chamber  cavity,  chamber  walls,  and  so  forth  in  Fig,  2.13  are  all  stiffness  or  com¬ 
pliance  eontroUed-that  is,  all  resonances  are  at  frequencies  above  the  applicable 
range. 

Coupler  reciprocity  is  feasible  only  for  the  calibration  of  small,  hard  hydro¬ 
phones  at  low  frequencies  where  the  frce-ficld  voltage  sensitivity  and  pressure 
sensitivity  are  the  same.  It  is  most  useful  for  calibrating  special  hydrophones  at 
very  high  static  pressures.  The  hydrophones  must  be  special  in  tire  sense  that  the 
coupler  and  the  hydrophone  must  be  designed  to  be  compatible  with  each  other 
in  terms  of  size,  shape,  and  means  for  bringing  tire  electrical  signals  through  the 
clumber  wail. 

Since  tire  chamber  volume  of  a  coupler  and  the  compliance  C  are  low,  the 
projector  needs  to  provide  only  a  small  volume  velocity  to  produce  measurable 
sound  pressure;  therefore,  small  piezoelectric  or  piezoceramic  motors  can  be  used 
at  low  frequencies.  In  practice,  P,  T,  and  H  frequently  are  alike  and  tire  basic 
design  is  that  of  a  small  omnidirectional  hydrophone. 


Pig.  2.1 3.  Electrical  analog  of  the  system  In  Pig.  2.1 2:  Cp,  C*.  Cfl,  C/(.  and  Cj* 
arc  the  acoustical  compliances  of  the  projector,  walls,  hydrophone,  liquid,  and 
reciprocal  transducer,  respectively,  pp  and  r  /•  are  the  blocked  pressure*  of  P  and 
T,  respectively . 


Figure  2.14  shows  a  coupler  used  ut  the  USRD-NRL  to  calibrate  tt  primary 
standard  hydrophone  in  the  hydrostatic  pressure  range  0-16,000  psi  and  the  fre¬ 
quency  range  20-3000  H/,19 

The  chamber  walls  artd  transducers  in  this  system  are  very  rigid.  The  compli¬ 
ance  C,  attributed  entirely  to  the  chamber  fluid,  is  computed  from 

C  »  -  0V,  (2.28) 

,nere  F  n  the  vtdurne  t»‘  the  thud  m  cubic  centimeters,  p  is  the  fluid  density  in 
•rams  pet  cm1,  *"  is  tin  Sjteed  of  sound  m  the  fluid  in  cnt/sec,  and  (i  is  die 
.  diabalte  compressibility  in  fractional  volume  change  per  microbar.  Tire  fluid  in 
*  coupler  need  not  be  water.  Castor  oil  or  silicone  oil  is  used  in  tire  USRD-NRL 
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Fig.  2,14.  System  for  reciprocity  coupler  calibration. 


system  because  the  piezoelectric  or  piezoceramic  projector  and  reciprocal  trans¬ 
ducer  elements  then  can  be  directly  exposed  to  the  medium. 

A  steel  chemical-reaction  vessel  S  in.  in  diameter  and  20  in.  long  designed  for 
1 5,000  psi  is  used  in  a  coupler  system  at  the  Canadian  Naval  Research  Establish¬ 
ment  (CNRE),20  A  chamber  of  this  size  allows  some  choice  in  tire  transducers 
used  and  calibrated,  but  ata  sacrifice  in  frequency  bandwidth.  The  high-frequency 
limit  of  the  CNRE  system  is  about  400  Hz.  Tire  compliance  C  of  tire  CNRE 
chamber  is  measured  rather  titan  computed.  A  precisely  measured  volume  of 
fluid  AP  Is  forced  into  tire-1  chamber  to  raise  the  hydrostatic  pressure  by  the 
amount  Ap.  Then,  C  °  A V/hp,  The  pressure  change  Ap  is  measured  by  a  pres¬ 
sure  balance  commercially  available  from  tire  American  Instrument  Company, 
Silver  Spring,  Md.  Tills  is  a  static  or  isothermal  measurement  rather  than  tire 
adiabatic  or  dynamic  measurement  that  is  needed.  This  difference  introduces  a 
small  error. 

In  a  Russian  version  of  this  technique, 21  the  compliance  is  measured  by 
inserting  a  small  tube  into  the  chamber  and  detemtining  tire  Helmholtz  resonance 
for  two  conditions  of  water  mass  in  tire  tube. 
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The  most  troublesome  problem  in  a  coupler  reciprocity  system  is  the  complete 
removal  of  air  bubbles.  Since  the  acoustical  impedance  of  the  parallel  combina¬ 
tion  of  the  medium,  chamber  walls,  the  transducers  is  very  high,  a  small  bubble 
will  raise  die  total  compliance,  reduce  the  pressure,  and  increase  the  pressure 
gradient.  In  terms  of  the  electrical  analog  of  Fig.  2.13,  a  bubble  will  short  circuit 
the  whole  system.  Sometimes  the  bubble  problem  is  so  persistent  that  measure¬ 
ments  at  atmospheric  pressure  cannot  be  made.  A  small  hydrostatic  pressure, 
such  as  50  psi,  is  needed  to  force  the  air  bubbles  into  the  liquid  as  dissolved  air. 

The  electrical  impedances  of  die  transducers  usually  are  very  high,  which 
causes  problems  with  electrical  cross  talk— that  is,  the  transmission  of  electro¬ 
magnetic  signals  between  transducers,  by-passing  the  acoustic  link.  The  wire  mesh 
screens  in  Fig.  2.14  are  used  to  reduce  cross  talk. 

The  high-frequency  limit  of  practical  coupler  systems  is  set  by  either  the  si/e 
of  the  chamber  or  the  resonance  of  some  part  of  the  system.  The  low-frequency 
limit,  20  Hz  in  both  the  USRD-NRL  and  CNRE  systems,  usually  is  set  by  the 
problem  of  driving  a  small  high-impedance  piezoelectric  element  electrically  at 
inl'rasonic  frequencies. 

The  coupler  reciprocity  method  is  simple  in  theory.  It  is  a  reliable  and 
piacticabk  method  for  calibrating  a  hydrophone  at  low  audio  frequencies  and 
high  hydrostatic  pressures.  It  is  not  a  versatile  method  in  that  not  just  any 
hydrophone  can  be  calibrated  in  a  coupler  system.  For  this  reason,  the  method 
is  used  oniy  for  die  primary  calibration  of  one  or  a  few  types  of  hydrophones. 

2  3.8  Diffuse-sound  reciprocity 

Diffuse-sound  reciprocity  has  been  used  primarily  in  air  acoustics  by 
Diostel.22  it  demonstrates  the  versatility  of  the  reciprocity  method,  however, 
atvl  no  discussion  of  reciprocity  calibrations  would  be  complete  without  it. 
Diffuse  sound  is  sound  with  completely  random  direction.  The  diffuse  sound 
sensitivity  of  a  hydrophone  it  the  ratio  of  the  rms  open-circuit  voltage  output  to 
tl  e  rms  pressure  >f  the  diffuse  sound  field  before  insertion  of  the  hydrophone 
Such  a  sensitivity  is  useful  in  ambient  noise  meusurom?ms,  for  example.  If  a 
hydrophone  is  omnidirectional,  its  diffuse-sound  ami  plane -wave  sensitivities  a  e 
the  same.  If  the  hydrophone  is  not  omnidirectional,  the  two  sensitivities  are 
different  and  are  related  by  the  directivity  i'm  for that  is, 

%  =<  AV/a  (2.2b) 

where  the  subscripts  df  ,md  /  refer  to  diffn»*  field  and  (uc  field,  respectively. 
1  he  value  ifd/j/un  be  ctm  puled  if  both  Ar,  md  Mf  are  known.  Hie  directivity 
factor  is  difficult  to  roea-urc  accurately,  hi'  .ever,  except  for  the  simple  eases 
where  die  throe-d  memioual  directivity  patte  n  is  symmetrical  about  one  direc¬ 
tum.  Hi;  sensitivity  Mtlf  can  be  measured  directly  by  the  diffuse-sound 
reciprocity  catibra  don  method. 
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Suppose  we  have  a  reverberation  tank  or  room  with  good  diffusion  charac- 
teristics— that  is,  with  many  asymmetrical  reflecting  boundaries  so  that  the 
steady-state  sound  level  is  the  same  everywhere  except  near  the  sound  source. 
Place  the  usual  projector  P,  reciprocal  transducer  T,  and  hydrophone  H  in  the 
tank.  Let  the  projector  transmit  sound  into  the  tank  at  a  steady  rate.  The 
sound  pressure  in  the  tank  will  rise  until  the  sound  power  lost  into  the  tank  walls 
equals  the  sound  power  delivered  into  the  tank  by  the  projector.  In  this  steady- 
state  condition,  the  sound  field  at  any  point  in  the  tank  can  be  considered  to  be 
composed  of  two  parts:  (1)  the  sound  pressure  pf  received  directly  from  the 
projector,  and  (2)  the  diffuse-sound  pressure  p#  received  from  a  large  number  of 
image  sources  outside  the  tank.  The  direct-sound  pressure  is  the  free-field 
pressure-that  is,  it  is  the  pressure  that  would  exist  at  the  point  if  all  the  reflecting 
boundaries  were  removed  and  the  projector-emitted  power  were  unchanged.  The 
direct-sound  pressure  is  spreading  in  spherical  waves,  and  thus  the  amplitude  is  a 
function  of  position  in  the  tank.  The  diffuse-sound  pressure  is  the  phasor  sum 
of  the  pressure  from  many  randomly  spaced  image  sources  and  therefore  is  inde¬ 
pendent  of  position. 

The  three  transducers  must  be  placed  so  the  receiving  transducers  (T  and  H) 
receive  essentially  only  the  diffuse-sound  pressure  p#  from  the  transmitting 
transducers  (P  and  T);  that  is,  p#  »  The  direct  or  free-field  pressure  pf 
can  be  made  small  by  making  the  tank  large  so  as  to  allow  wide  separation  of  the 
transducers.  The  diffuse  pressure  p#  can  be  made  large  by  keeping  the  wall 
absorption  low  or  reverberation  time  high. 

With  P,  T,  and  H  properly  placed,  the  same  measurements  of  Fig.  2.S  and  the 
same  formula  or  Eq.  (2  17)  are  used  to  find  A/#.  As  in  the  other  variations  of 
the  reciprocity  method,  only  the  reciprocity  parameter  changes.  Hie  diffuse- 
sound  reciprocity  parameter  /#  is  given  by  Diestel2*  as 

■v -(!')(« I10-’-  <i3o> 

where  p  is  the  density  of  the  water,  /“Is  frequency,  V  is  the  volume  of  the  tank,*? 
is  the  speed  of  sound,  and  t  is  the  Sabine  reverberation  time  or  the  time  in  seconds 
required  for  the  diffuse-sound  level  to  decrease  60  dB  after  die  sound  source  is 
stopped. 

At  some  distance  ft  from  the  source,  the  diffuse  sound  and  the  direct  sound 
will  be  die  same.  Diestel  shows  that  Eq.  (230)  cart  be  put  into  the  form 


/#*  1 10-’,  (231) 

if  the  reciprocal  transducer  is  omnidirectional.  Then,/#  is  similar  to  the  spherical 
wave  parameter  /  «  (2d/p/)l0"7,as  would  be  expected,  since  the  diffusc-sound 
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pressure  is  the  same  as  the  frec-fteld  or  direct-sound  pressure  at  the  distance  h 
centimeters  from  the  source. 

The  major  problem  in  this  kind  of  calibration  is  obtaining  a  good  diffuse- 
sound  field.  Transducer  positions  near  walls  must  be  avoided.  A  narrow  band  of 
white  noise  or  a  warbled  tone  usually  is  used  to  produce  a  more  uniform  diffuse- 
sound  field.  In  air  acoustics,  large  rooms  are  needed  Diestel’s  room  was  approxi¬ 
mately  15  x  20  x  25  ft.  A  tank  or  other  reverberant  body  of  water  would  have 
to  be  extremely  large  to  be  useful  for  underwater  diffuse-sound  calibration 
measurements. 


2.3.9  Genera!  and  in-situ  reciprocity 


It  can  be  shown  that  a  reciprocity  calibration  theoretically  can  be  performed 
under  any  boundary  conditions  of  the  medium.!0  It  is  necessary  only  that  the 
bounded  medium  itself  obey  the  acoustical  reciprocity  theorem.  That  is.it  must 
be  linear,  passive,  and  reversible.  As  can  be  seen  from  the  various  reciprocity 
parameters,  J  is  dependent  on  the  characteristics  of  the  medium,  the  medium 
boundaries,  anti  some  dimensions.  The  dimensions  appear  to  be,  and  usually  are, 
transducer  dimensions.  This,  however,  is  not  requited  by  theory.  In  the  tube 
reciprocity,  for  example,  the  area  A  has  no  relation  to  the  transducer  dimen- 
s  ons;  it  is  the  area  over  which  both  the  transmitted  and  received  pressures  of  the 
i  ciprocai  transducer  are  measured.  For  the  general  case,  the  reciprocity  pa  ram- 
i  or  is  dependent  on  the  manner  In  which  M  and  S  are  defined.  Visualize  a  trans- 
t  ucer  T  of  arbitrary  shape  in  a  medium  with  arbitrary  noundary  conditions,  as 
1  town  in  Fig.  2.15,  let  the  transmitting  response  S  be  defined  as  tlie  average 
pressure  produced  over  the  area  A,  per  unit  input  current.  Tliat  is, 


1 
A  j 


pdA 


12.32) 


I  et  the  receive  g  sensitivity  M  be  defined  .is  the  opetwitcuit  output  voltage  per 
*  ml  previuie  averaged  over  the  area  <4*.  that  is. 


it  can  be  do  wn  tliat  for  (hi*  general  vasc,^ 


J  « 


(2.33) 
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Fig.  2.15.  Transducer  T  of  arbitrary  shape  in  a  medium  with  an  arbitrary 
boundary;  is  the  area  over  which  the  transmitted  pressure  is  measured,  Am  is 
the  area  over  whiph  the  received  pressure  is  measured,  e  is  voltage,  and  i  is  cur¬ 
rent.  '' 


where  is  a  voluipe  velocity  emanating  from  As  and  p(Am)  is  the  resulting 
average  pressure  over  the  area  Am.  In  the  spherical-wave  case,  Af  and  Am  are 
vanishingly  small  spheres,  or  for  practical  purposes,  points.  In  the  cylindrical- 
wave  case,  As  and  Am  are  lines  (cylinders  with  infinitesimally  small  diameters), 
In  the  plane-wave  and  tube  cases,  As  and  Am  are  areas  (actually  two  parallel 
plane  areas  separated  by  only  an  infinitesimal  distance).  In  the  general  case,  / 
is  an  acoustical  transfer  admittance  between  the  two  areas  At  and  Am  specified 
in  M  and  S  of  the  reciprocal  transducer.  Since  the  medium  is  reciprocal,  the 
transfer  impedance  must  be  the  same  in  both  directions.  Thus,  Jean  be  defined 
also  as  u(Am)lp(As)>  as  was  done  in  Section  2 .3, 

Sometimes  J  cannot  be  computed  because  the  boundary  conditions  are  un¬ 
known  or  too  complicated.  Then  one  can  use  Eq.  (2.17)  in  a  backward  sense, 
That  is,  if  a  calibrated  hydrophone  is  used  and  M  is  known,  J  can  be  the  unknown. 
Suppose,  for  example,  it  is  necessary  to  monitor  tho  calibration  of  a  transducer 
in  a  remote  position  on  tho  bottom  of  the  ocean.  The. usual  trio  of  transducers 
for  a  reciprocity  calibration  are  fixed  to  some  framework  and  lowered  to  the 
ocean  bottom.  The  usual  reciprocity  measurements  depitted  in  Fig.  2.5  are  made 
through  long  cables.  The  receiving  sensitivity  M  of  the  hydrophone  already  is 
known.  Therefore,  Eq.  (2.17)  can  be  used  to  compute  J.  This  in  situ  J  is  valid  so 
long  as  the  boundary  conditions  do  not  change.  In  a  stable  environment,  the 
boundary  conditions  may  remain  unchanged  for  a  longer  period  of  time  than 
does  tire  hydrophone  calibration.  Thus,  reciprocity  calibrations  can  be  repeated 
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at  intervals  of  time,  and  the  calibration  depends  on  the  in-situ  J  rather  than  on 
the  original  hydrophone  sensitivity  M. 


2.4  Two-Projector  Null  Method 

The  two-proje  :tor  null  method  (TPNM)23  derives  its  name  from  the  use  of 
tv'o  projectors  and  a  technique  whereby  a  known  electromechanical  force  is 
b;  lanced  against ;  n  unknown  sound  pressure  to  produce  a  null,  or  zero  motion 
oi  a  diaphragm.  A  TPNM  system  is  shown  in  Fig.  2.16  and  the  electrical  analog 
ol  the  acoustical  system  is  shown  in  Fig.  2.17.  The  two  projectors  are  driven 
electrically  by  the  same  oscillator  with  a  provision  for  controlling  the  relative 
phase  and  amplitude  of  the  two  signals.  The  diaphragm  of  the  null  projector  then 
is  acted  upon  by  two  forces:  (1)  the  electromechanical  force  F  of  the  null 
piojector.  and  (2)  the  force  resulting  from  the  acoustical  pressure  p ,  produced  in 
the  medium  by  the  source  projector,  acting  on  the  null  projector  diaphragm  area 
A.  With  the  phase  and  amplitude  control,  these  two  forces  can  be  made  equal  in 
magnitude  and  opposite  in  phase.  The  balaneing-to-a-null  procedure  in  the  elec¬ 
trical  analog  reduces  the  velocity  u  to  zero,  thereby  making p  and  F/A  the  same. 
The  diaphragm  motion  detector  then  indicates  a  null  condition.  The  two  forces 
art  equal: 


pA  =  F  (2.35) 

A  moving-coil  transducer  is  most  suitable  for  the  null  projector.  Foi  such  a 
transducer, 

F  =  BLi,  (2.36) 

where  li  is  the  magnetic  flux  density,  L  is  the  coil  length,  and  i  is  the  current. 
Than, 


The  expression  OL/A  is  a  constant,  independent  of  frequency,  and  stable  with 
thru,  it  can  be  measured  statically  by  balancing  a  small  measurable  change  in 
the  hydrostatic  pressure  with  a  direct  current  through  the  null  pro¬ 
jector.  Then, 
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Fig.  2.16.  Two-projector  null  method  calibration  system. 


Fig.  117.  Electrical  analog  of  acoustical  system  in  Fig.  2.16. 


The  pressure  change  is  easy  to  obtain.  If  the  water  level  over  the  null  projector 
is  altered  bv  ft  centimeters,  then  °  Pgh>  where  g  is  the  acceleration  due  to 
gravity  in  cm/sec*  andp  is  Die  density  of  water  in  g/cm3. 

If  a  hydrophone  is  placed  near  the  null  projector  diaphragm,  the  hydrophone 
sensitivity  it#  is  given  by  ;• 


Neither  the  transducer  ImpAdaruje  nut  any  of  the  other  system  impedances 
need  be  known.  ' 

Although  the  method  is  most  useful  at  tow  frequencies  end  in  small  chambers, 
it  can  bo  used  under  many  other  boundary  condition*,  Including  free  field.  It  is 
necessary  only  that  the  hydrophone  be  near  enough  So  the  null  projector  dia¬ 
phragm..  that  U  Is  subject  to.  the  same  sound  pressure  as  the  diaphragm.  The 


METHODS  AND  THEORY 


47 


method  is  applicable  only  to  nonresonant  hydrophones,  because  the  hydrophone 
radiation  impedance  in  the  null  projector  system  will  ciffer  from  that  in  a  free 
field.  This  difference  can  be  neglected  at  off-resonance,  frequencies.  As  a  prac¬ 
tical  matter,  the  hydrophone  also  must  be  hard  because  a  soft  boundary  will 
result  in  pressure  gradients,  and  the  pressure  at  the  null  projector  diaphragm  then 
may  differ  fiom  that  at  the  hydrophone  position. 

Various  schemes  can  be  used  for  the  diaphragm  motion  detector.  Usually,  the 
metal  diaphragm  is  a  part  of  some  electrical  system,  and  the  motion  produces 
changes  in  the  system.  For  example,  the  diaphragm  can  be  one  plate  of  a  capaci¬ 
tor,  or  be  part  of  a  magnetic  circuit.  The  detector  does  not  need  to  be  calibrated. 
The  null  projector  diaphragm  will  have  a  resonance  below  or  at  the  low  end  of 
the  TPNM  system  frequency  range  and  therefore  will  be  mass  controlled.  The 
displacement  will  be  inversely  proportional  to  the  square  of  the  frequency;  the 
velocity  will  be  inversely  proportional  to  frequency;  the  acceleration  will  be 
constant  with  frequency,  An  acceleration  detector,  therefore,  would  be  pre¬ 
ferred  to  a  displacement  detector;  however,  the  static  measurement  of BL/A  can 
be  made  only  with  a  displacement-monitoring  device.  For  this  reason,  the  Under¬ 
water  Sound  Reference  Division  of  NRL,  where  the  TPN  method  originated  in 
1955,  uses  a  commercial  displacement  detector  manufactured  by  the  Bendy 
Scientific  Company.  The  maximum  frequency  of  the  USRD-NRL  system,  2000 
Hz,  is  determined  by  the  sensitivity  of  the  displacement  detector.  A  combina¬ 
tion  detection  system,  consisting  of  a  displacement  detector  for  static  and  infra- 
sonic  frequency  measurements  and  a  velocity  or  acceleration  detector  for  audio 
frequencies,  could  be  used.  Other  problems  with  resonances  and  short  wave¬ 
lengths  restrict  the  use  of  the  method  at  frequencies  above  1000  Hz.  The  method 
has  no  low-frequency  limit;  USRD-NRI.  uses  it  from  0,3  to  1000  Hz. 

The  main  advantages  of  the  method  are  freedom  from  any  acoustical  imped¬ 
ance  measurement  and  absence  of  any  restriction  on  tank  size.  The  main  dis¬ 
advantage  pertains  to  practice  rather  than  theory.  If  hydrostatic  pressure  is  a 
variable  in  the  calibration,  the  relatively  fragile  null  projector  diaphragm  must 
be  pressure  compensated;  that  is,  tin?  air  pressure  inside  the  transducer  must  be 
equal  to  the  hydrostatic  pressure  in  the  tank  within  about  ±2  psi.  The  pressure 
compensation  system  along  with  normal  filling,  circulation,  and  vacuum  equip¬ 
ment  (to  aid  in  eliminating  air  bubbles)  all  result  in  considerable  plumbing, 

IS  Impedance  Methods 

The  impedance  method  is  u  class  of  absolute  calibration  methods  m  which  the 
acoustic  pressure  is  found  from  some  characteristic  of  p  sound  source  (pressure,, 
velocity,  or  displacement)  and  die  acoustic  imjredances  of  the  iwultot  and 
medium  boundaries.  'Hie  general  case  is  represented  by  the  clectiical  analog  in 
Fig.  2.18,  With  sufficient  knowledge  about  the  parameters  p0,  U,  Z„  ami  £»,, 
die  sound  pressure  p  in  the  medium  can  be  determined.  As  with  the  similar  cases 
of  comparison  calibrations  itt  smull  tanks  (Section  2.2.3)  and  coupler  reciprocity 
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(Section  2.3.7),  only  the  pressure  sensitivity  of  small,  hard  hydrophones  can  be 
measured,  and  this  only  at  low  frequencies.  The  volume  of  the  medium  is  small; 
that  is,  the  maximum  dimension  must  be  a  small  fraction  of  a  wavelength  in  the 
medium.  The  hydrophone  sensitivity  M  =  eoc/p  is  found  from  a  direct  measure¬ 
ment  of  egc  and  the  indirect  measurement  of  p. 


Fig.  2.18.  Electrical  analog  of 
acoustical  system  used  in  imped¬ 
ance  calibration  methods. 


There  are  two  general  types  of  impedance  methods  corresponding  to  the  two 
types  of  acoustic  reactance.  In  the  first  method,  the  medium  is  compliance 
(l//wC)  or  stiffness  (s//w)  controlled.  The  terms  compliance  and  stiffness  both 
are  used  in  acoustics.  Stiffness  is  a  term  carried  over  from  mechanical  engineering. 
Compliance  is  more  useful  in  acoustics,  and  will  be  used  here  because  it  is  di¬ 
rectly  related  to  electrical  capacitance  in  electroacoustic  analogs,  whereas  stiff¬ 
ness  is  inversely  related  to  capacitance.  In  compliance-controlled  systems,  the 
medium  is  assumed  to  act  as  a  massless  spring  and  the  sound  pressure  is  a  result 
of  compression  and  extension  of  this  spring.  In  the  second  method,  the  medium 
is  mass  ( /un )  controlled.  The  medium  is  assumed  to  act  as  a  nonelastic  mass, 
and  the  sound  pressure  is  a  result  of  tbo  Inertia  of  this  mass.  Both  methods  are 
low-frequency  approximations,  but  can  be  extended  upward  in  frequency  if  the 
system  can  be  described  by  wave  equations.  Closed  chambers  are  used  for 
compliance-controlled  systems,  and  open  chambers  for  inertial  systems.  The 
compliance-controlled  systems  have  been  called  pistonphones  ever  since  E,  C. 
Wente24  first  devised  this  technique  in  1917. 

2.5.1  Pistonphone  methods 

The  pistonphone  is  one  of  the  oldest  absolute  calibration  techniques.  In  its 
original  form,  it  was  used  only  for  calibrating  microphones-  In  several  modified 
forms,  it  has  been  used  to  calibrate  hydrophones.  It  consists  of  a  small  gas-filled 
chamber  and  a  piston  sound  source,  as  depicted  in  Fig.  2,19.  The  piston  in  the 
original  versit>n2-*»,25  is  driven  by  an  electric  motor,  and  in  later  versions  26 ,27 ,28 
by  a  moving-coil  transducer.  Its  displacement  amplitude  is  measured  by  an 
optical  system.  The  main  requirements  of  a  suitable  driver  are  die  capability  of 
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vibrating  with  large  displacements  and  a  convenient  means  of  measuring  the  dis¬ 
placement.  The  volume  displacement  X  is  found  from  the  linear  displacement 
and  the  piston  area.  Then, 


P  =  UZm  =  (juX)Zm,  (2.40) 

where  V  is  the  volume  velocity  and  Zm  is  the  impedance  of  the  medium  in  Fig. 
2.18.  It  is  assumed  that  resonances  in  the  medium  and  boundaries  are  at  fre¬ 
quencies  higher  than  the  frequency  range  of  the  system.  That  is,  we  are  dealing 
witli  a  purely  elastic  impedance,  and  Zm  is  a  compliance  l//coC.  The  impedance 
Zm  actually  is  the  compliance  of  the  parallel  combination  of  the  medium  Cm  i 
the  chamber  wall,  and  the  microphone.  The  latter  two  compliances  usually  are 
much  smaller  than  Cm ,  so  that  Zm  ~  l//o>Cm.  Then, 


P 


juX 


)uC„ 


x_ 

Cm 


(2.41) 


From  the  gas  laws,Cm  =  V/ypo,  where  V  is  the  volume, p0  is  the  static  pressure, 
and  7  is  the  ratio  of  specific  heats  for  the  gas.  Some  small  corrections  must  be 
made  to  Cm ,  depending  on  the  heat  conduction  of  the  chamber  walls.  The  reader 
is  referred  to  the  references2^  for  further  details. 


Ft*.  2.19.  rtstonphone  calibration. 


The  air  pislonphonc  cun  be  used  to  calibrate  hydrophones  but  lor  this 
purpose,  the  method  has  one  major  drawback.  The  air  chamber  must  be  small, 
or,  alternatively,  *he  upper  frequency  limit  must  be  low.  The  upper  frequency 
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limit  of  chambers  only  a  few  inches  in  the  largest  dimension  is  about  200  Hz.  A 
water-air  pistonphone  has  been  used  to  circumvent,  in  part,  this  drawback.  A 
water-air  pistonphone  is  shown  in  Fig.  2.20.  A  larger  chamber  is  used,  but  it  is 
filled  mostly  with  water.  Since  the  wavelength  in  water  at  a  given  frequency  is 
about  5  times  that  in  air,  a  dimension  in  water  can  be  five  times  the  same  dimen¬ 
sion  in  air  without  affecting  the  “small  in  comparison  with  a  wavelength”  criterion 
for  the  chamber.  Thus,  a  large  hydrophone  can  be  accommodated.  At  the  same 
time,  Eqs.  (2.40)  and  (2.41)  are  unaffected.  The  compliance  of  the  water  is 
very  much  lower  than  the  compliance  of  the  air,  so  that  the  water  compliance, 
like  the  wall  compliance,  can  be  neglected.  The  sound  pressure  still  is  approxi¬ 
mately  uniform  throughout  the  fluid  mediums  and  is  the  same  in  the  water  as  in 
the  air.  The  electrical  analog  of  the  water-air  pistonphone  is  shown  in  Fig.  2.21 . 


Fig.  2.20.  Water*!*  plHonphcac  calibrator. 


A  further  modification  is  the  water  pistonphone  in  which  the  air  is  eliminated 
and  a  pressure  source  is  used.  Tire  electrical  analog  is  shown  in  Fig.  2.22.  The 
compliance  Cm  of  die  medium,  consisting  of  the  parallel  combination  of  the  wail, 
water,  and  hydrophone,  must  be  measured  with  some  kind  of  static  technique 
(see,  for  example,  references  20  and  21).  The  sound  source  must  have  a  known 
mechanical  impedance  Z,  and  its  blocked  pressure  Pt  must  be  measurable.  A 
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Fig.  2.21.  Electrical  analog  of  water-air  pistonphone.  Dashed  lines  indicate  that  the 
impedance  of  the  water,  hydrophone,  and  chamber  walls  all  are  high  enough  to  be 
neglected  in  the  parallel  circuit. 


moving-coil  transducer  sound  source  meets  all  requirements.  The  blocked  pres¬ 
sure  is  given  by 


(2.42) 


where  B  is  the  magnetic  flux  density,  L  is  the  coil  length,  i  is  the  current,  and  A 
is  the  diaphragm  area.  The  impedance  Zs  consists  of  the  diaphragm  mass  and 
compliance  of  the  spring  suspension  of  the  diaphragm.  These  are  measured  only 
once  and  thereafter  are  assumed  to  be  constant.  Then,  from  Fig.  2.22, 


P 


a 


juC, 


m 


Wm 


BLi 

A 


(2.43) 


The  impedance  l//tuCm  always  wilt  be  high;  therefore,  air  bubbles,  soft 
gaskets,  thin-walled  pipes,  and  other  low  impedances  can  have  large  effects  on 
Cm  and  i>>  and  must  be  avoided  or  acoustically  Isolated  from  the  medium.  If 
the  diaphragm  does  nut  move  like  a  true  piston,  the  at  )a  4  must  be  determined 
as  an  “effective"  area.  A  water  pistonphone  has  the  advantages  of  higher 
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acoustic  pressures,  higher  upper  frequency  limits,  and  larger  hydrophone  size 
than  an  air  pistonphone.  A  water  pistonphone  was  used  at  the  USRD-NRL  for 
about  ten  years.  The  chamber  was  10  inches  in  diameter  and  24  inches  long. 
The  upper  frequency  limit  was  200  Hz. 

The  value  of  Cm  depends  on  the  compliance  and  size  of  the  hydrophone  and 
hydrophone  cable,  and  on  the  vagaries  of  the  water  medium.  It  must  be 
measured  for  every  calibration.  The  need  to  repeat  this  measurement  is  the 
main  disadvantage  of  the  method,  and  it  was  because  of  this  that  the  USRD- 
NRL  water  pistonphone  was  superseded  by  the  Two-Projector  Null  Method. 

A  final  variation  of  the  pistonphone  method  is  called  a  pressurephone.29  In 
Fig.  2.22,  if  l/wCm  »ZS>  Eq.  (2.43)  reduces  to 

P  =  Pb  =  *  (2,44) 


and  impedance  measurements  are  eliminated.  The  value  of  Cm  can  be  made  very 
low  by  using  a  very  small  chamber.  This  reduces  the  versatility  of  the  system, 
however,  and  the  pressurephone  therefore  is  most  useful  for  the  absolute  calibra¬ 
tion  of  specially  designed  standard  hydrophones  only.  Figure  2.23  is  a  sche¬ 
matic  diagram  of  the  USRD  pressurephone,  The  frequency  range  of  the  pressure- 
phone  is  much  larger  than  that  of  other  pistonphones,  because  the  chamber  is  so 
small.  The  frequency  range  of  the  USRD  pressurephone  is  10  to  3000  Hz. 


Pig.  2.2).  fteuuicphoae  calibrator. 
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2.5.2  Inertial  methods 

The  two  known  systems  for  applying  inertial  methods  are  the  Sims  Calibrator  30 
and  the  Schloss  and  Strasberg  shaker.3i  Both  of  these  devices  contain  tubular 
chambers  that  are  short  acoustic  transmission  lines  and  therefore  are  amenable 
to  wave  analysis.  This  method  therefore  will  be  discussed  in  general  terms,  and 
then  the  low-frequency  approximations  will  be  obtained  as  special  cases. 

Suppose  we  have  a  rigid-walled  tube  as  shown  in  Fig.  2.24.  The  diameter  is 
much  smaller  than  a  wavelength  of  sound  in  water,  but  the  length  L  is  unre¬ 
stricted.  The  column  of  water  is  set  into  vertical  oscillation  by  motion  at  the 
bottom.  The  bottom  in  the  Sims  Calibrator  is  the  diaphragm  of  a  moving-coil 
transducer.  The  whole  tube  in  the  Schloss  and  Strasberg  technique  is  vibrated  by 
a  vibration  generator  or  mechanical  shaker.  The  cylindrical  walls  also  vibrate 
vertically  in  the  latter  case,  but  this  vibration  contributes  nothing  to  the  sound 
pressure.  Given  the  boundary  conditions  that  the  sound  pressure  at  the  water-air 
surface  is  zero  and  at  the  bottom  is/?/,,  it  can  be  shown  that  the  sound  pressure 
Pd  at  any  depth  d  is  given  by 


Pd 


sin  kd 
Pl  sin  kl ' 


(2.45) 


where  k  is  the  wavenumber  2v /X  =  w/c.  If  the  vibration  velocity  of  the  bottom 
is  x  and  Z/,  is  the  load  or  specific  acoustic  radiation  impedance  on  the  bottom, 
then 


Pl  «  xZL.  (2.46) 

From  transmission  line  theory.  4/,  *  jpe  tan  kl,  where  p  is  the  density  of  water 
and  e  is  the  speed  of  sound  in  water,  The  speed  c  in  a  tube  is  the  same  as  the 
speed  in  a  free  field  only  if  the  tube  waUs  are  truly  rigid.  In  practice,  the  walls 
have  a  finite  impedance  and  c  is  less  in  the  tube  titan  it  is  in  a  free  field.  Then 

Pl  “  ixpe  tan  kl  (2,47) 


and 
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(2.48) 
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(p=pd> 


-  (pap,  > 


Fig.  2.24.  System  for  inertial  impedance 
calibration  methods. 


Equation  (2.49)  is  rigorous  for  any  length  L,  if  there  is  no  energy  loss  in  the 
tube.  With  the  usual  low-frequency  approximation  kd  «  1  and  kL  «  1, 
Eq.  (2.49)  reduces  to 


1 Pdl 


xpckd 

OJ 


*  (pd) x. 


(2.50) 


Equation  (2.50),  a  form  of  Newton’s  second  law  of  motion,  shows  that  the  pres¬ 
sure  is  a  function  of  the  inertia  of  the  water  mass  above  the  depth  d.  The  re¬ 
ceiving  sensitivity  Af  of  a  small  hydrophone  placed  at  the  depth  d  then  is 
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eoc 

Pd 


CocUi  COS  kl,  _  Coe 

TfiTtsnsr  ~  w 


(2.51) 


Schol  stand  Strasberg  give  a  cross-section  criterion:  The  radius  r  of  a  spherical 
hydrophone  is  limited  by  x  «t «  d.  Tint  is,  tire  hydrophone  radius  must  be 
much  larger  than  the  driving  amplitude  x  and  much  smaller  Oran  the  depth.  A 
small  line  hydrophone  inserted  along  the  tube  axis  can  be  calibrated,  provided 
that  tire  pressure  pa  is  linear  over  the  length  of  the  hydrophone  and  d  is  measured 
from  tire  midpoint,  lire  effects  of  the  greater  sound  pressure  at  depths  below  d 
and  the  lesser  sound  pressure  at  depths  above  d  will  produce  an  average  pressure 
equal  to  tire  midpoint  pressure. 

In  both  versions  of  this  technique,  the  hydrophone  is  supported  from  a  point 
that  does  not  vibrate.  Tire  hydrophone,  therefore,  also  is  subjected  to  an  oscil¬ 
lating  pressure  due  to  tire  periodic  clrangc  in  depth.  This  pressure  is  very  small  in 
comparison  with  the  inertial  pressure  except  at  very  tow  frequencies  (less  than 
10  Ha). 
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Schloss  and  Strasberg  measure  x  directly  with  a  calibrated  accelerometer.  The 
current  driving  the  moving-coil  transducer  in  the  Sims  calibrator  technique  is 
measured  and  the  force  factor  BL  and  mechanical  impedance  Z  of  the  transducer 
must  be  known.  Then  the  blocked  pressure  at  the  diaphragm,  which  forms  the 
bottom  of  the  tube,  is  given  by 


where  B  is  the  flux  density,  L  is  the  cod  length,  /  is  the  current,  and  A.,  is  the 
source  diaphragm  area.  The  system  can  be  depicted  as  in  the  analog,  Fig.  2.25a, 
At  frequencies  above  the  transducer  resonance  and  below  the  tube  resonance, 
the  approximation  shown  in  Fig.  2.25b  can  be  used.  Here,  pd  is  the  pressure 
measured  across  only  that  part  of  the  water  mass  load  between  tire  depth  d  and 
the  surface  ( d  -  0).  All  parameters  in  Fig.  2.25  are  constants  except  i  and  d. 
Therefore,  once  the  system  is  calibrated,^  becomes  a  function  of/: 


Pa  = 


BL  d 
As  L  A 2 


(2.52) 


where  mw  and  ms  arc  the  masses  of  the  water  column  and  the  source  transducer, 
respectively. 

If  the  diaphragm  area  A,  and  the  tube  cross  section  area  A  are  not  the  same, 
there  will  be  a  short  divergent  region  near  tire  diaphragm.  The  hydrophone  must 
not  be  positioned  in  this  region. 


t*i*  J.25.  Electneal  analog  of  Stm»  Inertia*  t»peda««  calibration  iyjtem  (a)  for  wry 
tcegilt  (b)  for  L  «  a,  and  for  frequencies  above  drive*  uatxducer  resonance. 
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The  two  versions  of  the  inertial  method  differ  only  in  practice,  and  the 
choice  between  them  depends  on  cost  and  convenience  in  a  particular  applica¬ 
tion.  Commercially  available  shakers  and  calibrated  accelerometers  are  readily 
available,  so  that  the  Schloss  and  Strasberg  apparatus  can  be  assembled  easily. 
The  Sims  calibrator  is  a  specially  designed  apparatus,  and  the  development  and 
calibration  require  some  knowledge  of  transducer  design;  however,  the  Sims 
calibrator,  once  built  and  calibrated,  is  compact,  portable,  and  easy  to  use.  The 
Sims  apparatus  can  be  calibrated  easily,  if  a  calibrated  hydrophone  already  is 
available.  Either  apparatus  can  be  used  for  comparison  calibrations,  in  which 
case  the  two  methods  become  almost  identical.  The  Sims  calibrator  has  been 
used  in  many  places  as  a  simple  and  rapid  means  for  the  comparison  calibration 
of  large  numbers  of  small  hydrophones.  Schloss  and  Strasberg  report  calibration 
data  in  the  10  to  700  Hz  range,  and  Sims  in  the  100  to  3000  Hz  range. 

2.6  Static  Methods 

Static  methods  are  those  in  which  dynamic  calibrations  are  based  on  static 
measurements  and  static  impedances.  The  methods  are  limited  to  very  low  audio 
and  infrasonic  frequencies  at  which  a  sound  pressure  can  be  treated  as  a  rapidly 
changing  hydrostatic  pressure. 

2.6.1  Capacitor  hydrophone 

A  capacitor  hydrophone  calibration  system  is  shown  in  Fig,  2.26.  The  hydro¬ 
phone  consists  of  a  capacitor  in  which  one  plate  has  a  spring  suspension  and  lire 
other  plate  is  immobile.  The  suspended  plate  or  diaphragm  is  acted  upon  by  both 
the  hydrostatic  pressure  and  the  sound  pressure  in  the  water,  which  action 
changes  the  distance  between  the  plates  and  thus  die  capacitance.  The  capacitor 
constitutes  one  arm  of  an  impedance  bridge.  A  carrier  frequency  at  a  constant 
input  voltage  is  supplied  to  tire  bridge.  The  output  voltage  ea  will  be  a  function 
of  the  hydrophone  capacitance  Cft  as  drown  in  Fig.  2.27.  If  Clf  oscillates  under 
tire  influence  of  tire  sound  pressure,  and  if  the  bridge  is  slightly  unbalanced  when 
Die  sound  pressure  is  zero,  ea  will  be  modulated  by  the  sound  pressure  signal  fre¬ 
quency,  and  the  demodulated  voltage  e#,  will  be  approximately  proportional  to 
tire  sound  pressure. 

The  system  is  calibrated  by  keeping  r?i  constant,  varying  tire  static  pressure, 
and  observing  the  voltage  e0.  Tire  ratio  ee/r?w  can  be  obtained  with  ait  electrical 
calibration  of  the  demodulator.  The  bridge  must  be  unbalanced  to  avoid  fre¬ 
quency  doubling.  That  is,  in  Fig.  2.27  at  the  value  of  C#  where  the  bridge  is 
balanced  or  is  zero,  either  an  increase  of  a  decrease  in  C#  due  to  a  sound  wave 
will  increase  e9.  Thus,  both  tire  positive  and  negative  halves  of  a  pressure  wave 
would  produce  a  full  wave  in  tire  operating  point  in  the  curve  hr  Fig.  2 .27 
can  be  moved  away  from  (he  null  or  balanced  bridge  point  by  a  bridge  adjust¬ 
ment -drat  is,  by  changing  the  value  of  any  of  the  four  bridge  impedances,  it 
usually  is  most  convenient  to  adjust  C,. 
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Fig.  2.26.  Capacitor  hydrophone  calibration  system. 


Fig.  2.27.  Bridge  voltage  output  as  a  function  of  hydrophone  eosaettano.*. 


Hie  semitivityef  the  ^stcm  dejtends  on  tlte  ratio  tk0/6C#/.  Prom  Pig.  2.27, 
it  cart  be  seen  that  the  magnitude  ami  linearity  of  this  sensitivity  depend  on  tlte 
diape  of  the  curve,  which  in  turn  depends  on  the  bridge  design.  A  second  factor 
t  ffeeting  both  tlte  sensitivity  and  linearity  of  Uie  system  is  tlte  distance  d  betwten 
i  te  capacitor  plates.  Use  capacitance  t\>  is  inversely  proportional  to  d,  and  tlte 
smsitivity  of  the  system  will  depend  also  on  t<  ratio  \Cfj(&d  or  the  diape  of 
tte  curve  in  Pig.  2.2?.  The  sensitivity  tshighcM  for  cl  me  spacing  or  small  values 
«  f  d.  The  nonlinearity,  or  change  in  slope,  also  is  greatest  for  small  values  oft/, 
1  owever,  so  a  design  compromise  becomes  necessary.  A  third  factor  in  the  sensi* 
<  vity  is  the  mechanic  d  compJtance  of  die  diaphragm,  or  the  change  in  d  per  unit 
sound  pressure. 
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Fig.  2.28.  Hydrophone  capacitance  as  a  function  of  plate  separation. 


Since  the  system  is  sensitive  to  static  as  well  as  dynamic  pressures,  the 
sensitivity  will  be  a  function  of  water  depth.  To  eliminate  static  pres¬ 
sure  sensitivity,  a  static  pressure  compensation  system  that  will  equalize 
the  static  water  pressure  on  the  outside  with  the  static  air  pressure  on  the 
inside  of  the  suspended  plate  or  diaphragm  becomes  necessary.  The  com¬ 
pensation  system  must  include  an  acoustic  low-pass  filter  so  that  static,  but 
not  dynamic,  pressures  are  compensated.  Provision  is  made  to  eliminate 
the  compensation  temporarily  during  the  system  calibration.  The  static  cali¬ 
bration  is  valid  only  for  those  frequencies  at  which  the  diaphragm  is  stiffness 
or  compliance  controlled  and  dynamic  or  inertial  effects  can  be  neglected.  Thus, 
the  high-frequency  limit  is  about  one  octave  below  the  resonance  frequency  of 
the  diaphragm. 

The  one  main  advantage  of  a  capacitor  hydrophone  system  is  very  high  sensi¬ 
tivity.  Unlike  more  conventional  hydrophones,  whose  sensitivity  depends 
mainly  on  a  piezoelectric,  magnetostrictive,  or  magnetic  material,  the  capacitor 
hydrophone  sensitivity  depends  largely  on  the  mechanical  design  of  the  dia¬ 
phragm  and  the  electrical  design  of  the  bridge.  The  softer  the  diaphragm  suspen¬ 
sion  and  the  sharper  the  bridge  null  in  Fig.  2.27,  the  more  sensitive  the  hydro¬ 
phone  will  be.  One  of  the  original  versions32  of  this  type  of  hydrophone  had  an 
over-all  system  voltage  sensitivity  of  -45  dB  re  1  V/Mbar.  This  is  about  40  dB 
higher  than  a  typical  good  piezoelectric  hydrophone  with  a  cathode-follower 
preamplifier,  and  about  20  dB  better  than  a  good  noise-measuriitg  hydrophone 
with  20  dB  of  gain  in  the  preamplifier. 
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The  disadvantages  of  the  system  are  the  complexity,  the  inherent  non¬ 
linearity,  and  the  limited  frequency  range.  The  high-frequency  limit  of  the 
original  version  already  mentioned  was  only  75  Hz. 

In  other  versions  of  tiiis  technique,  the  bridge  is  replaced  by  an  electronic  cir¬ 
cuit  in  which  the  amplitude  or  frequency  of  a  carrier  signal  is  sensitive  to  small 
changes  in  a  capacitance. 


2.6.2  Electronic  hydrophone 

Several  manufacturers  make  electronic  vacuum  tubes  in  which  one  of  the 
electrodes  (usually  the  anode)  is  mechanically  linked  to  an  external  pin  (RCA 
5734,  for  exam  pie).  33  When  the  pin  vibrates,  the  transconductance  of  the  tube 
oscillates.  Such  a  hydrophone  is  shown  schematically  in  Fig.  2.29.  The  output 
voltage  e  is  proportional  to  the  displacement  x  of  the  diaphragm-pin  mechanical 
link.  At  frequencies  below  the  first  resonance  in  the  mechanical  system,  the 
displacement  will  be  proportional  to  the  sound  pressure  p.  The  over-all  system 
proportionality  constant,  or  the  calibration  ratio  e/p,  can  be  measured  statically. 


P 


1-'%  2.29.  Schematic  drawing  of  an  electronic  hydrophone . 


like  the  cupa  iior  hydrophone,  the  electronic  hydrophone  can  be  made  very 
sensitive  but  it  has  a  very  limited  frequency  range. 34  It  also  has  a  high  sclfmoise 
level. 
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2.6.3  Variable-depth  techniques 

If  the  depth  of  a  hydrophone  is  varied  periodically  with  simple  harmonic 
motion,  the  oscillating  hydrostatic  pressure  will  be  indistinguishable  from  a 
sound  pressure  at  very  low  frequencies.  If  x  is  the  amplitude  of  vertical  motion, 
the  oscillating  pressure  is  given  by 

V  ~  xpg.  (2.53) 

where  p  is  the  water  density  and  g  is  the  acceleration  due  to  gravity.  Then,  if  the 
hydrophone  output  voltage  is  <?<*,  the  sensitivity  Mis 

M  s  ~  •  '  (2.54) 

xpg 

The  amplitudes  eoc  and  x  can  have  arty  standard  form-that  is,  rms,  peak,  or  peak- 
to-peak-but  the  same  form  must  be  used  for  both  and  x. 

The  depth  car,  be  varied  either  by  moving  the  hyd.ophone  or  moving  the 
water-air  surface.  Both  methods  have  been  used.  In  the  moving  hydrophone  ver¬ 
sion,  the  mechanical  oscillator,  called  a  dunking  machine,  consists  of  a  variable- 
speed  electric  motor  and  a  “scotch  yoke”  or  other  mechanical  link  for  converting 
rotary  motion  to  linear  simple  harmonic  motion.  Figure  2.30  is  a  diagram  of  the 
scotch  yoke  used  by  the  Navy  Underwater  Sound  Reference  Laboratory 
(NUSRL).35  The  pin  attached  to  the  rotating  disk  slides  in  the  groove  of  the 
yoke.  The  yoke  and  supporting  rod  are  constrained  to  move  only  in  a  vertical 
direction.  Then,  as  the  disk  rotates,  the  yoke  and  rod  move  up  and  down  sinus¬ 
oidally.  The  poak  amplitude  x  is  equal  to  the  radius  of  the  pin  position. 


oscttuomuPH 


Ess.  2. JO.  Duiikte#  sssfifelne  cilibrttioa  system. 
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The  system  contains  several  sources  of  dynamic  pressure  other  than  the  vari¬ 
able  head  of  water.  These  include  (1)  tire  hydrodynamic  laminar  flow  around 
the  hydrophone,  (2)  inertial  effects  of  the  medium,  (3)  inertial  effects  within  the 
hydrophone,  and  (4)  turbulence.  The  hydrodynamic  pressures  are  ?  function  of 
the  hydrophone  shape,  and  it  is  difficult  to  generalize  on  the  effect.  For  simple 
cylindrical  shapes,  the  hydrodynamic  pressures  are  harmonically  related  to  the 
fundamental  frequency  and  therefore  can  be  eliminated  by  filters.  Inertial  effects 
of  the  medium  can  be  eliminated  or  minimized  by  properly  orienting  the  hydro¬ 
phone.  For  example,  the  diaphragm  or  active  face  of  the  hydrophone  should  be 
in  a  vertical  plane  so  the  water  next  to  the  diaphragm  is  not  displaced  by  the 
hydrophone  motion.  Inertial  effects  of  the  hydrophone  elements  also  can  be 
minimized  by  orientation.  However,  the  optimum  orientation  for  the  two 
inertial  effects  may  not  be  the  same.  In  an  oil-filled  hydrophone,  the  inertial  ef¬ 
fects  used  in  the  Sehloss  and  Strasberg  shaker  and  described  in  Section  2.5.2 
will  be  present  and  cannot  be  eliminated,  Turbulence  is  the  most  unpredictable 
of  the  extraneous  sources  of  dynamic  pressure.  All  fixtures  in  the  water  should 
be  streamlined  as  much  as  possible.  If  small  tanks  are  used,  the  motion  of  the 
hydrophone  may  also  excite  a  “slosh'*  resonance.  This  u  sonance  of  the  55-gallon 
drum  used  at  the  Navy  Underwater  Sound  Reference  Laboratory  was  at  1 .8  Hz, 
but  it  had  no  significant  effect  on  the  calibration  pressure. 

These  various  sources  of  error  severely  limit  tiv  useable  upper  frequency  of  a 
dunking  machine.  There  is  no  low-frequency  limit.  The  NUSRL  dunking  ma¬ 
chine  provided  accurate  calibrations  in  tire  range  0.3  to  4  Hz.  Within  the  fre¬ 
quency  range  where  the  extraneous  sources  cf  pressuie  can  be  neglected,  the 
dunking  machine  is  a  simple,  straightforward  calibrating  system. 

The  alternate  method,  in  which  the  hydrophone  is  'tationaiy  and  the  water- 
air  surface  is  moved,  can  take  two  forms.  The  whole  tank,  or  at  least  the  whole 
water  volume,  can  bo  moved,  as  was  done  in  the  inertial  techniques  described  in 
Section  2.5.2,  or  only  a  small  part  of  the  system  can  be  moved  as  in  the  Golenkov 
technique**  shown  in  Fig,  2,31.  The  dynamic  pressuie  that  is  due  to  variable 
depth,  inherent  in  the  inertial  techniques,  does  not  become  targe  in  comparison 
will)  the  dynamic  inertial  pressures  until  very  low  frequencies  are  used.  Front 
liqs.  (2.50)  and  (2.53),  it  can  be  shown  that  the  two  pressures  become  equal 
when  u)7  =  f(/i I.  For  a  depth  of  10  cm,  this  frequency  is  1 .6  Hz, 

In  the  Golenkov  technique,  only  the  small  upper  vluunbe,  oscillates.  It  is 
driven  vertically  by  a  mechanical  oscillator  similar  n>  tha,  described  for  the 
dunking  machine.  The  var  iable  head  of  water  then  acts  on  the  stationary  hydro¬ 
phone  in  the  lower  chamber.  The  connecting  tubing  must,  of  course,  be  com¬ 
pliant  This  technique  eliminates  turbulence,  and  to  some  extent  the  inertia] 
pressures,  it  also  allows  Urge  o$i  illation  amplitudes,  lire  two  chambers  and 
connecting  tube  have  resonances  similar  to  those  itt  a  Helmholtz  resonutor, 
however,  and  the  useful  upper  frequency  limit  for  this  technique  is  lower  than 
that  tor  the  dunking  machine,  Golenkov  reports  the  high-frequency  limit  as 
about  1  Hz. 


62 


METHODS  AND  THEORY 


2.7  Impulse  Method 

The  impulse  method  is  used  for  the  rapid  calibration  of  small  piezoelectric 
hydrophones  in  tire  frequency  range  below  tire  first  resonance.  The  method  con¬ 
sists  of  subjecting  the  hydrophone  to  an  impulse  or  sudden  change  in  static  pres¬ 
sure  A p  and  measuring  the  initial  voltage  e0  or  the  electric  charge  Q  produced  by 
the  piezoelectric  crystal  or  ceramic  element.  Then  tire  receiving  sensitivity  M  is 
found  from 


(2.55) 


where  Cis  the  electrical  capacitance  of  the  hydrophone. 

After  a  pressure  impulse,  the  charge  leaks  rapidly  through  the  shunt  resistance 
R  across  die  crystal  electrodes,  and  the  voltage  rapidly  drops  from  its  initial 
value.  Therefore,  the  voltage  e0  must  be  measured  quickly.  Alternatively,  the 
charge  Q  can  be  measured  as  it  discharges  through  a  ballistic  galvanometer,  hither 
measurement  must  be  made  in  a  time  short  in  comparison  with  tire  tinte  constant 
R C  of  the  system.  In  the  voltage  measurement,  R  and  C  Include  the  input  of  the 
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voltmeter  as  well  as  the  crystal  shunt  resistance  and  capacitance.  An  instrument 
such  as  an  electrometer  that  has  an  extremely  high  input  impedance  should  be 
used.  Typical  voltage-versus-time  curves  for  each  type  of  measurement  are  shown 
in  Fig.  2.32.  The  ballistic  galvanometer  measures  the  total  charge  over  the  whole 
pei  iod  of  discharge,  whereas  the  electrometer  must  measure  the  initial  voltage  e0 
at  the  beginning  of  the  discharge.  Thus,  although  both  e0  and  Q  must  be 
measured  in  a  time  t  «  RC>  Q  is  measured  over  a  longer  period  than  <?0  and  is 
less  susceptible  to  error  caused  by  slow  measurement. 


big.  2.32.  \  oltage  impulse  output  of  a  hydrophone  measured  with  an 
electrometer  and  a  ballistic  galvanometer. 


The  pressure  impulse  6p  must  be  applied  rapidly.  The  required  speed  is  most 
easily  achieved  by  the  quick  release  of  a  static  pressure  rather  than  by  a  quick 
application.  Figure  2.33  shows  a  simple  arrangement  for  doing  this.  The  hydro¬ 
phone  is  subjected  to  a  static  pressure  from  the  dead  weight  of  the  mass  m. 
After  the  chargo  due  to  the  pressure  leaks  off,  the  crystal  electrodes  contain  no 
net  charge.  Hie  mass  m  then  is  snatched  or  quickly  removed,  thereby  suddenly 
reducing  the  pressure.  Titus,  &p  actually  is  a  negative  change.  An  alternative 
technique  used  by  the  Atlantic  Research  Corporation,  manufacturers  of  com¬ 
mercial  hydrophones,  is  illustrated  by  the  dashed-tine  part  of  Fig.  2.33.  Here, 
die  quick-opening  value  releases  the  pressure  in  about  0.01  second,  lire  weight 
snatching  is  the  faster  of  the  two  methods.  When  ef,  is  being  measured,  it  is  im¬ 
portant  that  A p  reach  Us  maximum  value  before  any  charge  has  leaked  off  the 
crystal  electrodes.  Inertial  impedances  such  as  the  valve  orifice  that  slow  die 
change  in  pressure  should  he  minimised. 

The  calibration  obtained  with  Uq.  (2,55)  is  valid  in  the  frequency  range  where 
( I )  the  hydrophone  is  electrically  equivalent  to  a  perfect  capacitor,  (2)  tite  hydro- 
plume  is  mechanically  equivalent  to  a  perfect  sirring,  and  (3)  the  hydrophone  di¬ 
mensions  are  small  m  comparison  with  u  wavelength  of  sound  iu  both  water  am) 
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Fig.  2.33.  Impulse  calibration  system  for  releasing  the  static  pressure 
either  by  snatching  the  weight  m  off  the  piston  or  by  opening  a  valve. 


the  piezoelectric  material.  Requirement  (1)  sets  the  low-frequency  limit  at  which 
the  assumption  R  »  1/wC  no  longer  is  valid  and  the  sensitivity  rolls  off  as 
shown  in  Fig.  2.34.  Requirements  (2)  and  (3)  set  the  high-frequency  limit  at 
which  the  hydrophone  is  near  a  resonance  or  is  too  large. 


The  calibration  method  is  quasi-static  in  that,  in  tire  absence  of  any  crystal 
leakage  resistance,  the  measurement  could  be  made  under  completely  static  con¬ 
ditions;  liq,  (2.SS)  is  essentially  a  static  relationship.  The  measurement  problems 
arise  from  the  need  to  make  static  measurements  before  the  effect  of  the  leakage 
resistance/}  sets  in. 

Since  sound  pressures  usually  are  small  (the  order  of )  000  pbar  or  0.001  atm), 
the  dead  weight  in  Fig,  2.33  also  should  be  small.  Otherwise,  nonlinearity  may 
affect  the  calibration. 
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Variations  of  this  technique  are  used  to  measure  the  piezoelectric  constants  of 
crystals  and  ceramics. 


2.8  Radiation  Pressure  Techniques 

A  second-order  effect  called  radiation  pressure  <  an  be  used  for  calibration 
purposes  under  special  conditions.  Radiation  pressure  is  a  small  static  pressure 
present  in  any  acoustic  wave.  In  a  plane  progressive  wave  of  intensity/,  average 
energy  density  E,  rms  sound  pressure  p,  speed  c,  in  a  medium  of  density  p,  the 
radiation  pressure  p,  is  given  by37 


In  sound  fields  that  are  equivalent  >o  the  superposition  of  two  or  more  plane 
progressive  waves,  the  radiation  pressure  is  equal  to  the  average  total  energy 
density. 

When  a  sound  beam  impinges  on  a  boundary,  the  reflection  or  absorption  at 
the  boundary  results  in  sound  energy  density  that  is  different  on  the  two  sides  of 
the  boundary.  Therefore,  a  radiation  pressure  differential  or  net  force  acts  on 
the  boundary.  For  example,  suppose  a  sound  beam  of  energy  density  E  impinges 
normally  on  a  perfectly  absorbing  plane  boundary.  Then,  p,  ~  E  on  one  side, 
and  p,  =  0  on  the  other  side.  The  net  force  on  the  boundary  then  is  EA,  where 
A  is  the  boundary  area.  If  the  boundary  is  a  perfect  reflector  instead  of  a  perfect 
absorber,  tire  energy  density  on  tho  front  or  reflecting  side  averaged  over  both 
space  and  time  will  be  doubled  so  that  tire  net  force  becomes  2/ VI.  If  the 
medium  itself  absorbs  some  of  the  energy  in  a  sound  beam,  the  energy  density 
and  radiation  pressure  will  decrease  us  tire  distance  from  tire  sound  source  is  in¬ 
creased.  The  resulting  differential  radiation  pressure  will  produce  streaming  or  a 
flow  of  the  medium  away  from  the  source,  unless  the  beam  is  confined  to  a  tube 
where  circulating  flow  cannot  take  piece. 

Radiation  pressure  is  used  for  calibration  purposes  by  measuring  the  static 
radiation  pressure  on  reflecting  or  absorbing  boundaries  and  calculating  the  sound 
pressure  from  Eq.  (2.S6),  The  difference  between  the  sound  pressure  and  the 
radiation  pressure  is  very  large.  For  example,  In  water  an  rms  sound  pressure  of 
150,000  ubar  is  needed  to  produce  a  radiation  pressure  of  1  nbar-a  103.5  dll 
difference.  Consequently,  a  very  sensitive  mechanical  balance  or  spring  system 
must  be  used  to  measure  the  forces  produced  by  radiation  pressure.  Thus,  the 
technique  is  feasible  only  for  very  high  intensity  sound. 

The  radiation  pressure  technique  is  most  applicable  for  high-frequency  high- 
intensity  applications  such  us  are  found  in  cavitation  studies  and  medical  or 
industrial  ultrasonics.  Usually,  the  plane  waves  are  the  collimated  near-field  gone 
of  a  piston  source  many  wavelength*  m  diameter.  Such  near-fleld  plane  waves 
are  not  truly  plane,  because  the  pressure  in  a  near-fleld  plane  varies  from  point 
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to  point;  however,  when  average  pressures  over  a  plane  are  used,  the  results  are 
equivalent  to  true  plane  waves. 

One  version  of  a  commercial  instrument38  based  on  the  radiation  pressure 
principle  is  shown  schematically  and  simplified  in  Fig.  2.35.  The  reflecting 
boundary  is  slanted  from  the  incident  sound  to  avoid  standing  waves  or  the 
reaction  of  the  reflected  sound  on  the  source.  The  reflector  thus  is  equivalent 
to  a  plane  absorber,  insofar  as  the  vertical  forces  are  concerned,  and  the  down¬ 
ward  force  F  is  given  by 


F  =  PrA  =  EA.  (2.57) 

where  A  is  the  area,  no*mal  to  the  beam,  that  intercepts  the  beam.  The  average 
plane-wave  rms  sound  pressure  p  then  is 


p  =  (Ep)*c  =  j  c.  (2J58) 

The  force  F  is  measured  by  the  balance  in  Fig,  2.35,  although  the  scale  may  be 
calibrated  in  terms  of  pressure  or  intensity.  The  instrument  itself  is  calibrated  by 
placing  known  weights  on  the  reflector. 
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An  instrument  like  that  shown  in  Fig.  2.35  calibrates  the  source  in  the  ,ense 
that  the  near-field  average  pressure  or  intensity  is  measured.  These  ar^  the 
parameters  of  interest  in  cavitation  and  ultrasonic  engineering  application,  and 
there  is  no  intent  to  extrapolate  the  measurements  to  free-field  far-field  condi¬ 
tions.  TV  instrument  shown  in  Fig.  2.35  is  used  in  the  50  kHz  to  5  MHz  fre¬ 
quency  range. 

Another  version  of  the  radiation  pressure  technique  is  shown  in  Fig.  2.36. 39 
Here,  the  receiving  sensitivity  of  a  piezoelectric  plate  is  measured.  The  plate  also 
serves  as  an  almost  perfect  reflector.  Since  the  source  is  not  being  evaluated  here, 
the  presence  of  standing  waves  does  not  affect  the  measurement.  Insofar  as  the 
effect  on  the  hydrophone  is  concerned,  there  always  is  sound  pressure  doubling. 
That  is,  there  is  a  standing-wave  condition  in  the  medium  next ‘to  the  plate  if  it 
is  a  near-perfect  reflector-regardless  of  whether  there  is  a  complete  entrapment 
o!  the  waves  between  the  source  and  hydrophone.  The  standing-wave  condition 
actually  helps  to  obtain  high  enorgy  densities  without  a  high-energy  steady-state 
output  from  the  source.  The  standing  waves  store  acoustic  energy;  consequently, 
higher  energy  densities  can  he  obtained,  for  a  constant  energy  output  of  the 
source,  than  in  a  single  plane  progressive  wave. 

Tiro  standing  waves  are  equivalent  to  two  plane  progressive  waves  traveling  in 
opposite  directions.  The  energy  density  average  over  both  space  and  time  then 
is  double  iliat  of  a  single  plane  progressive  wave.  Note  that  although  the  sound 


////umw 


•SM1N0 


'04C£ 


L 


M 

_ L 

3T 


r.: - 

| - :  ly  xy" — "j 

wave# 

sourtet 

mEZOEcEctarc  mot 

AM)  fcCEUOKM 


lip  IK*.  ttaikiUttn  prcuurc  ivtUxaiuru  urangetticm  far  tire  calibration  of  pkiocl-cttie 
plate  Uydiopiuruc. 


68 


METHODS  AND  THEORY 


pressure  also  is  doubled  at  the  reflecting  surface,  the  intensity  is  not  quadrupled. 
A  quarter-wave  away  from  the  reflector,  the  sound  pressure  always  is  near  zero, 
and  the  space-averaging  accounts  for  the  factor  1/2.  The  force  on  the  hydro¬ 
phone  reflector  thus  is 


F  =  PrA  =  TEA,  (2.59) 

and  the  sound  pressure  in  the  plane  progressive  wave  is  given  by 

p  =  (£»*c  =  (&j  c.  (2.60) 

The  force  is  measured  by  observing  the  upward  displacement  d  cf  the  reflector 
caused  by  the  radiation  pressure,  and  computing  the  force  from  F=  kd,  where  k 
is  the  spring  constant.  The  open-circuit  voltage  output  eoc  of  the  hydrophone  is 
measured  simultaneously  with  the  force,  so  that  the  receiving  sensitivity  M 
becomes 


In  this  case,  M  is  the  frce-field  voltage  sensitivity,  even  though  the  hydrophone 
neither  is  used  in  nor  calibrated  in  a  free  field.  This  technique  has  been  used  in 
tire  frequency  range  300  to  5000  kHz. 

Another  version  of  a  radiation  pressure  calibration  technique  involves  ampli¬ 
tude  modulation  of  a  high-frequency  (about  1000  kHz)  sound  beam  with  a  low- 
frequency  (about  1  kHz)  signal.  The  radiation  pressure  oscillates  at  the  low 
frequency,  resulting  in  a  pseudo  sound  pressure.  In  this  way  a  low-frequency 
pressuro  can  be  obtained  in  a  narrow  beam  that  normally  is  characteristic  of  only 
high-frequency  radiation.  This  is  an  interesting  technique  that  is  periodically  sug¬ 
gested  in  the  literature.  Experiments  at  the  Navy  Underwater  Sound  Reference 
Laboratory  have  shown  that  the  technique  has  many  difficulties,  most  of  which 
evolve  from  the  large  difference  (100  dB  or  more)  between  the  high-frequency  or 
carrier  signals  and  the  low-frequency  modulation  or  radiation  pressure  signals. 
As  the  carrier  signal  amplitude  is  increased,  cavitation  usually  occurs  in  the  high* 
intensity  sound  beam  before  a  measurable  tow-frequency  signal  can  be  obtained. 
The  sensitivity  of  the  hydrophone  and  the  receiving  electronic  circuits  must  be 
more  titan  100  dB  higher  at  the  modulation  frequency  than  at  the  carrier  fre¬ 
quency.  Since  the  radiation  pleasure  is  proportional  to  the  square  of  the  sound 
pressure,  the  radiation  pressure  signal  and  the  modulation  signal  have  different 
wave  shapes.  The  diffraction  effects  of  a  true  low-frequency  sound  wave  are  not 
duplicated  by  the  modulated  radiation  pressure  except  for  the  case  of  a  piston  in 
an  infinite  baffle.  These  difficulties  have  precluded  the  practical  use  of  this 
technique. 
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2.9  Measurements  in  Air 

If  the  acoustical  impedance  of  a  transducer  itself  is  high  enough  so  that  its 
radiation  impedance  can  be  neglected,  and  if  it  also  is  small  enough  so  that  dif¬ 
fraction  effects  also  can  be  neglected,  then  its  receiving  sensitivity  will  be  the 
same  in  water  as  it  is  in  air.  For  example,  ordinary  piezoelectric  hydrophones 
containing  electroacoustical  elements  having  dimensions  of  about  an  inch  or  less 
fit  these  restrictions.  Consequently,  air  acoustical  methods  can  be  used  to  cali¬ 
brate  these  hydrophones  at  audio  frequencies.  One  such  method,  the  air  piston- 
phone, already  has  been  described.  The  reciprocity  method  also  is  used  in  micro¬ 
phone  calibration. 

The  electrostatic  actuator  method  is  one  primary  method  of  air  acoustics  that 
is  not  adaptable  directly  to  underwater  acoustics;  however,  it  can  be  used  for  an 
air  calibration  of  a  hydrophone  if  the  hydrophone  has  a  flat  metal  diaphragm. 
Tire  electrostatic  actuator  is  a  device  consisting  of  a  metal  grid  or  plate  that  is 
placed  close  to  the  metal  diaphragm  to  form  a  parallel  plate  electrical  condenser. 
The  electrically  induced  forces  between  the  two  plates  provide  the  calibration 
pressure.  Beranek28  describes  this  method  in  detail.  Pyctt  at  the  British 
Admiralty  Underwater  Weapons  Establishment  has  used  the  electrostatic  actu¬ 
al  >rat  frequencies  as  high  as  60  kHz  for  an  unusual  application  wherein  the  pres¬ 
sure  sensitivity  rather  than  the  frce-field  sensitivity  was  needed  to  measure  water 
flow  noise.  The  calibration  was  made  with  a  helium  medium  between  the 
parallel  plates. 


2. 1 0  Velocity  or  Pressure-Gradient  Sensitivity 

The  electrical  output  of  some  hydrophones  is  proportional  to  the  particle 
velocity  or  pressure  gradient  in  the  sound  field.  The  terms  “velocity"  and 
“pressure  gradient"  often  are  used  interchangeably  lor  such  hydrophones,  al¬ 
though  some  distinctions  can  be  drawn  between  the  two  terms  (see  Section 
S.12).  The  hydrophones  are  designed  so  a  part  of  the  hydrophone  oscillates  In 
the  medium  under  the  influence  of  the  sound  pressure  gradient,  or  with  motion 
similar  to  that  of  particle  velocity.  The  main  characteristic  and  advantage  of  a 
velocity  o>  pressure-gradient  hydrophone  is  the  directivity  pattern.  The  pattern 
Is  shown  in  Fig.  2.37.  it  is  called  the  ''figure-eight,"  "cosine,"  or  “dipole"  pat¬ 
tern  mid  is  independent  of  frequency.  The  pressure  at  any  angle  0  relative  to 
the  axial  pressure  is  equal  to  cos  (?. 

Velocity  and  pressure-gradient  hydrophones  may  be,  and  usually  are.  cali¬ 
brated  in  terms  of  pressure  rather  than  velocity  (pressure  gradient  is  never  used  as 
a  reference).  Since  die  relationship  between  pressure  am)  velocity  depends  on  the 
wave  and  boundary  conditions,  however,  these  conditions  must  be  known,  be 
standard,  or  fit  the  i  efinltion  of  the  sensitivity. 

Plane  progressive  waves  ire  specified  in  the  definition  of  free-field  voltage 
sensitivity,  and  the  relationship  between  the  ptessuie  p  and  velocity  u  in  such 
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Fi<.  2.37,  Directivity  pattern  of  a  velocity  or  pfeuuretradlent 
hydrophone. 


waves  is  given  by  the  wave  or  characteristic  impedance  p/u  *  pc.  Titus,  the  sensi¬ 
tivity  of  a  velocity  hydrophone  expressed  in  terms  of  pressure  differs  from  the 
sensitivity  expressed  in  terms  of  velocity  by  the  constant  factor  pc 

A  velocity  hydrophone  can  be  calibrated  by  direct  comparison  with  a  standard 
pressure  hydrophone  only  if  essentially  plane  waves  impinge  on  bath  hydro¬ 
phones.  Otherwise,  corrections  that  account  for  the  difference  between  the 
quotient  p/a  and  tire  value  of  pc  must  be  applied  to  tire  measurements. 

Waves  in  a  free  Held  never  are  perfectly  plane,  and  the  extent  to  which  slightly 
spherical  waves  can  be  assumed  to  be  plane  is  important  wlten  dealing  with 
wdocity  hydrophones  calibrated  hr  terms  of  pressure. 

Tire  criteria  for  plane  waves  can  be  obtained  from  the  expressions  for  tire 
pressure  p,  the  particle  velocity  u,  and  the  magnitude  erf  the  wave  impedance 
fp/u  I  in  a  wave  emanating  from  a  point  source: 


P  *(4)exp/<ur-k),  (2.62) 
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where  r  is  the  distance  from  the  source  and  A  is  a  constant.  From  these  equa¬ 
tions  and  Fig.  2.38,  it  can  be  seen  that  for  small  values  of  r/X,  the  velocity  is 
augmented,  and  the  plane  wave  relation  p/u  -  pc  is  not  valid.  A  correction  factor, 
10  log  (1  +  \2l(2vr)2),  must  be  subtracted  from  the  measured  sensitivity  when  a 
velocity  hydrophone  is  calibrated  with  a  standard  pressure  hydrophone.  That  is, 
the  augmentation  tl  at  occurs  in  spherical  waves  must  be  eliminated  from  the  re¬ 
sults.  The  magnitude  of  the  correction  is  shown  in  Fig.  2.38.  It  can  be  seen 
from  the  figure  that  the  correction  is  less  than  0.5  dB  when  rfh  -  0.5.  There¬ 
fore,  as  a  rule  of  thumb,  the  source-t e-hydrophone  distance  should  be  greater 
than  a  half  wavelength  if  the  velocity  augmenting  factor  is  to  be  negligible. 


Fig.  2,?8.  Velocity  or  pieswiic-fiadtent  augmentation  in  a  spherical  wave. 


The  pressute  gradient  is  related  to  the  particle  velocity  by  8p/i>  for 
both  spherical  ami  p  arte  waves:  consequently,  die  augmenting  factor  for  velocity 
applies  also  to  the  ptessure  gradient,  _ 

When  the  sensitivity  refer  cd  to  actual  panicle  velocity  u»  required, 
rite  simplest  technique  u  i«  •  aftbraU*  the  velocity  or  pressure-gradient  hy* 
drophotte  in  terms  of  a  measured  tree-field  sound  pressure  p,  and  then 
compute  the  particle  velocity  from  the  pressure  wills  liqs.  (2.62),  (2.63), 
and(2M). 

If  ftcedtehi  conditions  are  not  available,  a  vt  mdittg-wavc  tube  like  that 
shown  in  Fig  2.3s'  can  he  med,  Since  a  water-air  boundary  »  a  near- 
aero  impedance  boundary,  esfentralb  complete  reflection  will  take  place. 
A  v.mduig-wavc  system  then  »au  be  established  and  Ute  following  relations 
hold: 
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p  sin  kd, 

(2.65) 

u  «  cos  kd 

(2.66) 

1  p/u>.«  pc  tan  kd. 

(2.67) 

Fig.  2.39.  Pressure  and  velocity  distribution  in  a  standing- 
wave  tube. 


If  the  pressure  is  measured  at  a  point  a  distance  d  from  the  water-air  surface, 
Eqs.  (2.65)  and  (2.66)  can  be  used  to  compute  the  pressure  and  velocity  at  any 
other  point.  It  must  be  assumed  here  that  the  hydrophones  have  a  negligible 
effect  on  the  standing-wave  pattern.  Also,  the  wavelength  or  the  speed  of  sound 
which  is  used  in  the  wave  number  2rr/X  =  oi/c  in  the  tube  probably  will  differ 
from  that  in  a  free  field;  therefore,  the  half-wavelength  or  pressure-node-to-node 
distance  should  be  measured. 

Another  version  of  the  standing-wave  tube,  developed  by  Bauer,40  is  shown 
in  Fig.  2.40a.  Here,  the  whole  rigid  tube  section  is  vibrated  en  masse,  The  fluid 
medium  inside  then  moves  as  a  short  section  of  a  standing-wave  system  with  the 
velocity  and  pressure  amplitude  distribution  shown  in  Fig.  2.40b.  If  ue,  the 
velocity  of  both  ends  of  the  tube  (and  of  every  other  point  on  the  tube),  is 
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measured  with  an  accelerometer,  both  the  velocity  ud  and  the  pressure  pd  at  any 
point  d  can  be  computed  from 


cos  kd 

U“  ~  U'‘  cos  ML  ’ 


(2.68) 


Pd  =  H<ePC 


sin  kd 
sin  VtkL  ’ 


(2.69) 


where  L  is  the  tube  length,  d  is  the  distance  of  any  point  from  the  midpoint  of 
L,  and  pc  is  the  characteristic  impedance  of  the  medium.  The  velocity  u0  at  the 
midpoint  of  the  tube  can  be  found  by  letting  d  =  0  in  Eq.  (2.68): 


The  velocity  u0  also  can  be  determined  by  pressure  measurements  and  other 
combinations  of  Eqs.  (2.68)  and  (2.61)).  Thus,  if  a  velocity  hydrophone  is  placed 
at  the  midpoint  of  the  tube  and  its  voltage  output  is  measured,  the  free-field 
voltage  sensitivity  M  is  given  by 


M  = 

pcu0 


(2.71) 


The  Bauer  vibrator  is  adaptable  to  measurements  in  a  closed  pressure  vessel 
a  id  also  permits  the  velocity  to  be  determined  in  any  arbitrary  direction.  The 
o  re n  tube  of  Fig.  2.39  is  limited,  of  course,  to  velocity  in  the  vertical  direction. 


2  1 1  Directivity  Patterns 

The  measurement  of  the  directivity  characteristics  of  a  tiansduccr  involves 
little  calibration  theory  in  comparison  with  that  required  for  measuring  response 
o  sensitivity.  The  directivity  pattern,  factor,  and  index  all  are  relative  and  di- 
n  ensionh'ss  parameters.  They  also  are  free-field,  far-field  parameters,  and  for 
pitterns,  there  is  no  feasible  alternative  to  free-field  measurements.  There  is  an 
al’ernativo  to  the  far-field  requirement,  however;  conventional  patterns  can  be 
n  easured  under  the  free-field,  near-field  conditions  described  in  Chapter  IV. 
Measurement  problems  consist  largely  of  obtaini  tg  free-field  conditions  and 
a  ranging  the  mechanics  for  rotating  transducers  in  various  planes. 

Some  of  the  theory  underlying  th ;  definition  and  meaning  of  the  directivity 
ci  aractenstics  and  mathematical  solutions  for  some  common  special  cases  are 
p  csented  here.  One  technique  for  measuring  the  directivity  factor  under  condi- 
ti  ms  other  than  I  tee  field  also  is  discussed. 

The  directivity  pattern  of  a  transducer  shows  how  the  sensitivity  of  the  trans¬ 
ducer  varies  as  a  function  of  direction.  It  usually  is  normalized;  that  is,  it  is  a  plot 


velocity  distribution 
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of  the  sensitivity  in  any  direction  relative  to  the  sensitivity  in  a  given  reference 
direction -usually  an  axial  direction.  Thus,  the  pattern  level  on  the  axis  of  a 
typical  transducer  will  be  1,  or  0  dB,  and  the  levels  in  other  directions  will  be 
some  fraction  less  than  1  or  some  number  of  dB  below  zero  or  “dB  down.”  In 
some  unusual  cases,  the  axis  is  not  the  direction  of  maximum  sensitivity.  Then, 
the  normalized  pattern  level  in  the  direction  of  maximum  sensitivity  will  be 
greater  than  1  or  some  number  of  dB  above  zero.  Occasionally,  a  series  of  pat¬ 
terns  will  be  measured  on  one  transducer  at  the  same  frequency -usually  after 
some  electrical  or  mechanical  adjustment.  In  such  cases,  only  the  first  or  “con¬ 
trol”  pattern  may  be  normalized.  Succeeding  patterns  then  may  be  measured 
without  adjusting  the  measuring  system  to  allow  direct  comparison  with  the 
fust  pattern. 

If  a  transducer  is  reciprocal,  its  transmitting  and  receiving  patterns  are  the 
same  even  though  they  have  different  physical  meanings.  The  transmitting  pat¬ 
tern  is  essentially  a  diagram  of  how  much  sound  emanates  from  a  transducer 
simultaneously  in  different  directions.  The  receiving  pattern  is  a  measure  of  the 
average  pressure  acting  on  a  transducer  diaphragm  as  a  function  of  the  direction 
of  an  impinging  plane  wave.  The  transmitting  pattern  is  used  almost  exclusively 
foi  analytical  purposes,  perhaps  because  it’s  easier  to  visualize.  However,  the 
summations  or  integrals  that  must  be  solved  to  obtain  a  mathematical  expression 
for  the  pattern  are  the  same  for  either  case. 

The  co  nplete  directivity  pattern  is  a  three-dimensional  model.  In  practice, 
however,  two-dimensional  polar  diagrams  usually  ate  used  to  represent  the  pat¬ 
tern  in  some  plane  that  includes  the  acoustic  axis.  The  complete  pattern  is 
deduced  ot  visualized  from  a  collection  of  many  two-dimensional  patterns.  Often, 
the  complete  pattern  has  an  axis  of  symmetry  so  that  one  two-dimensional 
pattern  in  i  plane  of  such  an  axis  gives  a  picture  of  the  complete  pattern. 

The  transmitting  pattern  is  a  representation  of  far-field  or  Fraunhofer  diffrac¬ 
tion  phenomena.  That  is,  the  radiated  sound  pressure  is  observed  or  measured  at 
an  “effectively  infinite”  distance  from  the  transducer.  The  distance  is  “effectively 
infinite"  if  the  signal  attenuation  due  to  spherical  spreading  of  the  wave  is  essen¬ 
tially  the  same  for  signals  emanating  from  all  points  of  tire  transducer,  or  the 
sound  rays  front  all  points  on  the  transducer  to  the  observation  point  can  be 
assumed  to  be  parallel.  Thus,  fora  uniform  radiator,  the  wave  interference  that 
gives  rise  to  directivity  patterns,  or  Fraunhofer  diffraction,  is  due  entirely  to 
phase  difhrences  among  contributions  from  different  parts  of  the  transducer. 
In  the  near  field,  the  Fresnel  diffraction,  or  interference,  is  due  to  both  phase 
and  amplitude  differences. 

Practical  criteiiu  for  “effectively  infinite"  measurement  distances  are  pre¬ 
sented  in  Section  3.4,  In  general,  however,  the  distance  should  be  large  in  com¬ 
parison  with  the  largest  dimension  ol  the  transducer  in  the  plane  of  rotation. 

n  addition  to  sufficient  far -Held  conditions,  gt  od  frce-field  conditions  aho 
mu >t  prev.iil.  Pattern  measurements  usually  require  better  tree-field  conditions 
thru  response  measurements  do,  because  longer  measurement  distances  ate 
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required  and  because  the  “difference”  between  a  high  signal  level  (on  the  axis)  and 
low  signal  levels  (on  the  minor  lobes)  is  being  measured.  To  illustrate,  a  reflec¬ 
tion,  noise,  or  other  unwanted  interference  may  be  26  dB  below  the  signal  level 
for  response  in  the  axial  direction  and  therefore  introduce  only  a  small  error  of 
±0.5  dB  in  the  axial  response.  This  same  unwanted  signal  would  produce  a  large 
error  (+3.5  to  -6  dB)  on  the  height  of  a  minor  lobe  20  dB  below  the  major  lobe. 


2.11.1  Uniform  radiators 

The  mathematical  expressions  for  p{6),  the  normalized  directivity  pattern,  of 
some  common  uniform  radiators  are  given  below, 

a.  Plane,  uniform,  baffled  circular  piston: 


2J\-  ^-jsin  0  ' 

(fh 


b.  Plane,  uniform,  baffled  rectangular  piston,  in  a  plane  parallel  to  an  edge;  or 
a  uniform  continuous  line: 


rtfl)- 


(2.73) 


c.  A  plane,  baffled,  uniform  square,  in  the  plane  of  the  diagonal  (or  a  straight 
“tapered"  or  "shaded”  line,  where  the  source  strength  Is  maximum  at  the  center 
and  decreases  linearly  to  zero  at  each  end): 


m 


sin^jsinQ 

“(f hF 


(2.74) 


d.  N,  uniform,  equally  spaced  points  in  a  straight  line: 


(2.75) 


In  these  expressions,  J\  is  the  first-order  Bessel  function;*  is  the  circular  piston 
diameter  (Case  a),  length  of  lino  or  edge  of  rectangle  (Case  b),  or  diagonal  length 
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(Case  c )\d  is  the  separation  distance  of  points  in  a  line;  and  8  is  the  angle  between 
the  axis  or  normal  direction  and  the  direction  of  observation-that  is,  the  vari¬ 
able  in  all  the  expressions. 

Graphs  of  these  expressions  are  shown  in  Fig.  2.41  for  Cases  (a),  (b),  and  (c). 
By  using  the  normalizing  parameter  (x/A)  sin  8  for  the  abscissa,  the  patterns  in 
the  figures  are  made  applicable  to  any  transducer  size  and  any  frequency. 
Mathematical  expressions  and  graphs  for  radiators  of  other  configurations  are 
given  in  the  literature.41"46 


■fune 


P'lg.  2.41.  The  directivity  pattern  20  lugp(0)  of  continuous  sources. 


The  line  of  N  points  is  not  included  in  Fig.  2.41  because  it  differs  basically 
front  a  continuous  source.  The  most  striking  characteristic  of  the  pattern  of  a 
line  of  point  sources  is  tire  high  side  lobes.  If  the  point  spacing  is  one  wavelength 
or  greater,  the  (/V  -  1),  2 (N  -  1),  3(/V  -  1).  etc.,  minor  lobes  will  be  of  the  same 
height  as  the  major  lobe.  The  height  of  the  other  minor  lobes  will  depend  on  N, 
If  the  number  of  points  per  unit  length  increases,  the  spacing  d  decreases  and  the 
approximrton  sin  {\vd/'K)  sin  0)  -V(m//A)  sin  0  can  be  made  in  the  denominator 
ol  fiq.  f2.75).  Then,  Eqs.  (2.75)  and  (2.73)  become  the  same,  with  Nd  becoming 
equivalent  to  x,  and  the  tine  of  points  approximates  a  continuous  line.  Figure 
2.42  shows  the  patterns  for  a  6-point  line. 

Some  radiators  combine  the  characteristics  of  both  continuous  and  discrete 
sources.  For  example,  a  large  planar  array  often  consists  of  many  individual 


Fig.  2.42.  The  directivity  pattern  20  log  p(8)  of  a  line  of  six  point  sources. 


elements,  each  of  which  constitutes  a  small  radiator  that  has  a  directivity  pattern 
that  is  not  omnidirectional.  That  is,  the  elements  are  not  point  sources.  Spaces 
exist  between  the  elements  so  that  even  when  the  elements  vibrate  with  uniform 
phase  and  amplitude,  the  array  does  not  radiate  as  a  continuous  uniform  piston. 
A  similar  situation  exists  with  a  segmented  line  radiator.  In  such  cases,  an  under¬ 
standing  of  Bridge’s  Product  Theorem  is  helpful.  This  theorem  states  that  for  the 
case  of  a  number  of  radiators  of  the  same  frequency  and  of  identical  pat¬ 
tern  and  orientation  in  space,  but  possibly  of  different  amplitude  and 
phases  of  motion,  when  the  reaction  of  one  radiator  on  the  other  is  neglected, 
the  pattern  produced  by  the  aggregate  of  the  radiators  is  the  pattern  pro¬ 
duced  by  an  aggregate  of  point  sources  having  the  same  distribution  in  space, 
amplitude,  and  phase  as  the  actual  radiators,  multipled  by  the  pattern  of  a 
single  radiator. 

This  means,  for  example,  that  if  the  pattern  level  is  expected  to  be  0.S,  or 
-6  dB,in  a  particular  direction  0  when  tire  elements  of  an  array  are  assumed  to  be 
points,  and  tire  pattern  of  an  individual  element  is  expected  to  be  0.9,  or  -1  dB, 
at  tire  same  angle  0,  then  the  array  or  aggregate  pattern  level  at  0  should  bo 
0.45,  or -7  dB. 

The  qualification  in  the  theorem  as  to  the  reaction  of  one  radiator  on  the 
other  becomes  important  when  the  element  spacing  is  small  (generally 
a  small  fraction  of  a  wavelength)  and  the  transducer  mechanical  impedance  is 
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2.1 1.2  Nonuniform  radiators 

If  the  displacement  or  velocity  of  every  point  of  the  diaphragm,  or  radiating 
area  of  a  transducer,  does  not  vibrate  with  the  same  amplitude  and  phase  when 
the  transducer  is  used  as  a  projector,  the  transducer  is  referred  to  as  a  nonuniform 
radiator.  Some  transducer  diaphragms,  for  example,  bend  rather  than  move  as  a 
rigid  piston.  Bending  and  other  types  of  nonuniform  vibration  usually  are  used 
to  obtain  resonance  at  low  frequencies.  In  such  cases,  the  transducers  are  essen¬ 
tially  omnidirectional,  and  the  nonuniformity  has  negligible  effect  on  the  direc¬ 
tivity  pattern. 

Another  more  important  type  of  nonuniformity  is  exemplified  by  the  shaded 
transducer.  Here,  nonuniformity  is  introduced  in  an  otherwise  uniform  radiator 
to  change  the  directivity  pattern,  The  usual  purpose  is  to  reduce  the  level  of  the 
minor  lobes.  Typically,  the  transducer  will  consist  of  a  plane  array  of  elements 
that  are  mechanically  identical  so  that,  for  example,  all  elements  resonate  at  the 
same  frequency.  The  outside  or  peripheral  elements,  however,  will  be  driven  at  a 
lower  electrical  signal  level  than  are  the  inside  elements.  Variations  in  phasing 
and  spacing,  as  well  as  amplitude,  also  have  been  used  for  controlling  the 
pattern. 

Equation  (2.74)  applies  to  a  shaded  line  (also  called  a  tapered  line)— that  is, 
a  line  in  which  the  vibration  amplitude  is  a  maximum  at  the  center  and  decreases 
linearly  to  zero  at  each  end.  If  we  compare  the  graphs  of  Eqs.  (2.73)  and  (2.74) 
in  Fig.  2.41,  we  see  that  this  shading  substantially  reduces  the  minor  lobe  level, 
but  also  broadens  the  major  lobe.  Unfortunately,  these  two  effects  are 
inseparable. 

Pat  tern  control  is  an  extensive  subject  covered  olsewhere  in  the  literature. 4 1-45 
It  is  used  extensively  in  sonar  transducers.  Insofar  as  measurements  are  con¬ 
cerned,  it  is  helpful  to  know  whether  a  transducer  is  a  uniform  or  nonuniform 
radiator.  Such  knowledge  not  only  aids  in  detecting  mistakes  or  malfunctioning 
equipment,  but  also  affects  measurement  conditions,  such  as  the  minimum  ac¬ 
ceptable  distance  hetwe  .  a  projector  and  hydrophone. 

2.11.3  Beam  w  idths  and  minor  lobe  level 

Patterns  usual! '  are  characterized  by  the  beam  width  and  by  lire  relative 
level  of  the  highest  (usually  the  first)  minor  lobe.  Tire  beam  width  is  the  angle 
included  betweon  the  directions,  on  each  side  of  the  main  lobe  or  beam,  in  which 
tire  level  of  tiro  sound  pressure  is  at  some  fixed  level  relative  to  the  axial  sound 
pressure.  There  is  no  standard  fixed  level;  -3  dB,  -6  dB,  and  -10  dB,  all,  com¬ 
monly  are  used.  The  level  must  be  specified,  therefore,  and  tire  beam  width  is 
described  as,  for  example,  the  “6-dB-down  beam  width.”  Note  that  the  beam 
width  is  the  total  angle  between  two  diroctions-o  to  on  each  side  of  the  axis. 
Where  a  pattern  is  symmetrical  about  the  axis,  the  half-beam  width  sometimes 
is  used.  The  half  beam  width  is  the  angle  included  betweon  tire  axis  and  the 
direction  of  the  sp  reified  pressure  level.  Beam  width  is  a  function  of  both  the 
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radiator  configuration  (circular  piston,  line,  line-of-points,  etc.)  and  the  ratio 
xfk  of  size  to  wavelength. 

The  6-dB-down  beam  widths  AS  for  the  three  patterns  in  Fig.  2.43  are 
given  by: 


AS  =  2  arcsin  { 


(2.76) 


(2.77) 


Circular  piston:  AS  =  2  arcsin 

Uniform  line:  AS  =  2  arcsin 

Diagonal  of  square:  AS  *  2  arcsin 


Equation  (2.75)  is  approximately  the  same  as  Eq.  (2.73),  when  sin  S  is  small 
as  well  as  when  d  is  small.  Thus,  near  the  axis,  the  pattern  of  a  line  of  points  is 
essentially  the  same  as  the  pattern  of  a  line  for  which  x  =Nd.  Equation  (2.77) 


,u«>ro»M  une  la  appro*  *  lime  g*  pouma 
ewevt«R  piston 

r  OiA(MW»t  O'  SQUARE  PISTON 


FlS*  2*43.  Beamwktths  (6-dB-down). 
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cm  be  used  for  a  line  of  points  whenever  the  line  of  points  approximates  a  con¬ 
tinuous  line  (rf  «  X),  or  when  the  region  of  interest  is  near  the  axis  (sin  0  «  1). 

The  level  of  the  minor  lobes  of  continuous  sources  is  a  function  of  the  con¬ 
figuration,  but  ts  independent  of  the  size/wavelength  ratio.  The  level  of  the 
ninor  lobes  shown  in  Fig.  2.41  applies  to  all  sources  with  the  stated  configura¬ 
tions.  The  minor  lobe  level  in  Fig.  2.42  applies  only  to  a  6-point  source.  Kraus41 
gives  similar  patterns  for  cases  of  N  equal  to  1  through  24. 


2  12  Directivity  Factor  and  Index 

The  directivity  factor  or  index  is  a  measure  of  the  sharpness  of  the  sound  beam 
o  major  lobe  of  the  directivity  pattern.  It  is  the  ratio  of  /0,  the  intensity  (or 
p*,  the  rms  pressure  squared),  in  a  reference  direction-usually  the  axis-to  the 
intensity  I  (or  /iJ,  the  rms  pressure  squared)  averaged  over  all  directions.  In  its 
numeric  form,  this  ratio  is  the  directivity  factor  R0 ,  and  in  tire  decibel  form,  it  is 
the  directivity  index  Dt.  Thus, 


Ro  =  =  f i,  (2.79) 

D,  =  lQlog^ft)  =  lOlog^j.  (2.80) 


Note  that  p 3  is  the  average  of  the  pressure  squared,  not  the  square  of  the  average 
pressure. 

If  pq  is  measured  at  distance  r,  then  p2  is  the  pressure  squared  integrated  over 
a  spherical  surface  S  of  radius  r,  divided  by  the  area  S.  Than, 


£ 

)sp*dS  ‘ 


(2.81) 


I  is  the  measurements  and  computations  involving  the  integral  fsp2t!S  dial 
constitute  the  major  task  in  finding  Kg  or  D(. 


2.12.1  Theory 

The  theoretical  D(  of  some  idealized  radiator  configurations  have  been  deter¬ 
mined  by  Stenzol44  and  Malloy.47  The  D,  of  a  circular  piston  in  on  infinite 
rigid  baffie  is  given  by 


Dt  « 


10  lag. 


>  (kr)2  \ 

i  ism.  r 

'  kr  / 


(2.82) 
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where  r  is  the  radius  and  k  is  the  wave  number.  For  large  values  of  kr ,  the  Bessel 
function  Ji(2kr)  becomes  negligible  and  Dt  ~  10  log  (kr)2.  Since  (kr)2  = 
4-n(ur2)l'k2,  the  Dt  of  large  pistons  can  be  approximated  by 

D,  =  101og(-ffffie-^.  (2.83) 

Figure  2.44,  a  plot  of  Eqs.  (2.82)  and  (2.83),  shows  that  Eq.  (2.83)  is  a  good 
approximation  for  2r/X>  1/2. 


Fig.  2.44.  Directivity  index  of  t  baffled  circular  piston. 


For  a  uniform  line, 


D, 


2  sin  kl 
kl 


4  cos  kL 

sSXl 


(2.84) 


where  L  is  the  length  of  Use  Une.  For  a  long  line,  L  >  X,  and  Eq.  (2.84) 
approieltes 


(2.85) 


A  rectangular  piston  in  an  infinite  rigid  baffle  is  a  much  more  complicated 
case  titan  a  circular  piston,  but  from  the  work  of  StcnzeH4  and  Moiloy  ,<?  it  can 
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be  shown  that  Eq.  (2.83)  applies  also  to  a  large  rectangular  piston  with  about  the 
same  degree  of  approximation  as  fo>-  a  circular  piston.  As  a  rule  of  thumb,  Eq. 
(2.83)  applies  to  both  circular  and  rectangular  pistons,  if  the  minimum  dimen¬ 
sion  is  greater  than  a  half  wavelength  and,  for  the  case  of  the  rectangle,  if  the 
length/width  ratio  is  greater  than  2.  At  the  low  limit  of  this  approximation, 
where  the  minimum  dimension  is  a  half  to  one  wavelength,  the  approximation 
error  is  about  ±0.5  dB.  In  most  practical  cases,  however,  where  />,-  is  an  important 
factor,  the  transducers  are  large  or  have  narrow  beams.  Then,  Eq.  (2.83)  becomes 
a  very  good  approximation  with  negligible  error.  Moreover,  since  Eq.  (2.83) 
applies  to  both  circular  and  rectangular  pistons,  one  would  assume  that  it  applies 
to  other  shapes  that  approximate  either  a  circle  or  a  rectangle. 

It  can  be  shown2-48  that  the  directivity  factor  for  plane  pistons  in  infinite 
rigid  baffles  is  inversely  proportional  to  the  radiation  resistance.  The  acoustical 
radiation  resistance  of  pistons  of  any  shape  approaches  pc/A  as  the  $uof 
wavelength  ratio  becomes  large.  It  follows,  then,  that  Eq.  (2.83)  applies  to  1;  igc 
pistons  of  any  shape  if  the  minimum  dimension  is  greater  than  a  half  wavelength. 

In  all  the  foregoing,  it  has  been  assumed  that  the  pistons  are  in  an  infinite  r  gid 
baffle  because  such  a  boundary  condition  makes  the  mathematics  manageable.  In 
practice, such  baffles  are  not  used, of  course.  In  planar  transducers  whose  smallest 
dimension  is  greater  than  a  half  wavelength,  the  type  of  baffle  has  a  negligible 
effect  on  the  directivity  pattern,  and  theory  and  practice  are  in  good  agreement. 

Analyses  of  the  Dt  of  horn  transducers,  pistons  in  a  spherical  baffle,  rings, 
lines  of  points,  shaded  lines,  and  stretched  membranes  (or  bending  modes)  are 
available  in  references  44  and  47. 

2.12,2  Measurement 

Three  different  approaches  are  used  to  determine  tire  or  l)f  of  a  spec  fie 
transducer. 

GiU‘  i  Some  transducers  are  good  approximations,  insofar  as  the  dii  ie> 
tivity  pattern  is  concerned,  of  perfect  uniform,  circular,  square,  or  rectangular 
pistons,  or  of  perfect  uniform  lines.  When  this  is  true,  the  /Ip  or  /),  is  well  known 
from  expressions  such  as  Fqs.  (2  82)  through  (2.85),  and  various  slide  rules.49 
graphs,  and  similar  aids  are  available  for  obtaining  the  easily.  Figures  2.4$ 
and  2.40  ate  two  such  graphs.*®  Whether  the  pattern  is  a  good  approximate  m 
to  one  of  the  ideal  cases  must  be  ascertained  by  pattern  measurements  and  eo  n* 
p.itison  wills  Figs.  2.41,  2.42.  and  2.43.  About  90%  of  the  energy  radiated  >y 
ideal  pistons  and  tines  is  in  the  main  lobe,  and  about  95%  ts  in  the  main  lobe  a-td 
first  minor  lobe.  Thus,  a  transducer  can  be  assumed  to  be  radiating  as  its  id.  al 
mathematical  model  if  the  measured  and  theoretical  patterns  are  the  same,  withm 
measurement  accuracy,  on  the  major  lobe  and  first  minor  lobe.  This  rule  >4 
thumb  is  valid  if  noue  of  the  minor  lobes  are  unusually  high.  A  strong  ntfum 
lobe  at  ISO*  or  to  the  rear  m  piston  transducers  is  a  particularly  common  type 
of  undesirable  and  unintentional  radiation. 
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CSoe  2,  Sonic  transducers,  like  circular  pistons,  cylinders,  or  lines,  may 
radiate  with  a  nonideal  pattern,  but  still  have  an  axis  of  circular  symmetry.  That 
is,  the  patient  is  the  same  in  all  planes  through  the  axis  of  symmetry.  This  fact 
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should  be  verified  by  actual  measurement  of  several  patterns.  The  integration 
over  a  complete  spherical  surface  is  obtained  by  taking  the  elemental  area  dS  as 
shown  in  Fig.  2.47  and  integrating 


2 nr2  sin  0  dO, 


(2.86) 


where  0  is  the  angle  between  the  reference  direction  or  axis  and  the  direction  of 
measurement.  If  we  let  i>(0)  be  the  pressure  as  a  function  of  0,  we  obtain  R$ 
from  Eqs.  (2.81)  and  (2.86): 


(2.87) 


big.  3.47.  Ek  mental  area  legmens  US'  used  to  integrate  over  a  spherical  surface. 


If.  ait  we  luve  assumed,  the  transducer  pattern  is  turn  ideal,  due  functioned) 
i<  unknown,  and  die  integral  must  be  evaluated  arapliicolly  or  numerically. 
Several  kinds  of  aids  ate  used  for  graphical  integration.  For  example,  either  of' 
the  two  charts  in  Figs.  2.48  or  3.49  can  be  uscd.51  Tlte  ordinate  scale  is 
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[p(Q)lp0]2,  with  the  scale  marked  for  easy  transposition  from  the  usual  decibel 
scale  on  pattern  plots.  The  abscissa  scale  is  the  angle  6  with  the  spacing  adjusted 
so  that  the  area  represented  by  the  product  \p(d)lpQ]26 is  proportional  to  the 
area  of  the  spherical  surface  from  0  to  8,  or  proportional  to  f0  sin  0  dd.  After 
the  pattern  is  transposed  to  Fig.  2.48  or  2.49,  the  area  under  the  curve  is 
measured  with  a  planimeter.  If  there  is  radiation  in  the  rear  hemisphere,  the  pat¬ 
tern  there  must  be  plotted  separately.  Then  the  R$  is  given  by 


_  _  2(area  of  front  +  rear  charts) 

8  (area  under  front  +  rear  curves) ' 


(2.88) 


Even  if  there  is  no  radiation  toward  the  rear  and  the  denominator  of  Eq.  (2.88) 
constitutes  the  area  under  only  one  curve,  the  numerator  still  must  be  the  area 
of  the  two  charts.  For  narrow-beam  patterns,  Fig.  2.49  is  more  accurate  than 
Fig.  2.48;  however,  the  numerator  of  Eq.  (2.88)  still  must  include  the  whole  area 
corresponding  to  0  <  0  <  180°.  Consequently,  the  area  found  from  the  whole 
chart  in  Fig.  2.49  should  be  taken  as  7.46  times  its  size  as  shown,  or  the  numerator 
of  Eq.  (2.88)  should  contain  7.46  as  an  additional  coefficient. 
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Fig.  2.49.  Chart  for  determining  radiation  directivity.  (From  Rofcrcnce  51.) 


Another  graphical  aid,  shown  in  Fig.  2.50,50  js  Used  t0  obtain  the  integral 
of  Eq.  (2.87)  by  a  summation  approximation.  That  is,  the  summation 


2 

(sin  bt)hO 


is  substituted  for  the  integral.  Fig,  :.50  is  used  in  the  form  of  a  transparent 
overlay  on  the  measured  polar  pattern  The  peak  axial  response  (or  201ogpo) 
is  made  to  coincide  with  the  polar  angle  mo  and  the  radial  level  at  the  top  of 
the  paper  as  illustrated  by  tiro  dashed-lino  pattern.  Then  to  find  \piO,)/p0]2  sin  0, 
for  any  angle  0h  one  proceeds  along  the  radial  line  corresponding  to  0,  until  tire 
intersection  with  the  directivity  pattern  line  is  reached.  The  point  of  intersection 
then  is  read  on  the  bow-shaped  coordir  ates.  For  example,  at  0t »  20°  or  / 0  4  in 
Fig.  2.50,  the  point  of  intersection  is  at  0.0(h)  in  tire  bow-shaped  coordinates. 
Thus,  (/>(20  )/p0P  sin  20“  »  0.009,  This  reading  is  made  at  regular  amsular 
intervals-say  ever/  5  from  0  to  180“  Then  37  measurements  are  made.  The 
regular  angular  interval  AO  must  be  expressed  m  radians,  so  A 0  3  tr/36.  If  4,  is 
the  value  ot  1/H^thPoI 2  sin  0h  or  tire  i  umber  read  from  the  bow-shaped  coordi¬ 
nates  on  Fig.  2.50,  liq.  (2.87)  is  approximated  by 
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Re  - - \ - ,  (2.89) 

...  A 

1=0 


or,  in  the  example  just  given, 


The  pattern  should  be  measured  so  that  the  pattern  level  at  zero  degrees  or  in  the 
reference  direction  is  either  at  the  top  of  the  chart,  or  at  the  discrete  levels  10, 
20,  30,  etc.,  dB  below  the  top.  The  radial  scale  is  10  dB  per  major  division 
(usually  1 0  dB  per  inch).  When  the  pattern  level  at  zero  degrees  is  at  -1 0  dB,  all 
the  bow-shaped  coordinate  scale  numbers  must  be  multiplied  by  0.1 .  When  the 
pattern  level  at  zero  degrees  is  at  -20  dB,  the  scale  numbers  must  be  multiplied 
by  0.01,  and  so  forth.  Note  that  at  0  =  0,  A0  always  is  zero,  because 
sin  0°  =  0. 

The  angle  0=0  corresponds  to  the  axis  of  symmetry,  whether  it  is  in  the  di¬ 
rection  of  maximum  response,  the  acoustic  axis,  or  in  general  the  reference  direc¬ 
tion.  If  the  axis  of  symmetry  is  not  the  reference  direction,  the  Dt  is  computed 
with  0=0  taken  as  the  axis  of  symmetry ,  and  then  a  correction  is  added.  The  cor¬ 
rection  in  decibels  is  the  pattern  level  in  the  direction  of  the  axis  of  symmetry 
subtracted  from  the  level  in  the  reference  directions.  The  pattern  of  a  uniform 
line  or  thin  cylinder  is  the  most  common  example  of  this.  The  pattern  has  a 
toroid  or  “doughnut"  shape.  The  axis  of  symmetry  coincides  with  tire  line  or 
cylinder  axis,  but  the  reference  direction  usually  is  normal  to  the  line.  Thus,  the 
intensity  in  the  direction  of  the  line  or  axis  of  symmetry  is  very  low-less  than  the 
average  intensity.  This  results  in  a  fractional  Rq  or  negative  Dt.  When  the  large 
difference  between  the  high  response  normal  to  the  line  and  low  response 
parallel  to  the  line  is  added  to  the  Dj>  tire  Dt  becomes  positive. 

Electronic  analog  systems  have  been  built  by  the  Navy  Electronics  laboratory 
and  by  Scientific-Atlanta,  Inc.,  to  perform  the  Integration  /{p(0)/po}2  sinfldfl. 
The  Underwater  Sound  Reference  Division  of  the  Naval  Research  Laboratory  has 
used  a  small  digital  computer  to  perform  the  integration  numerically. 

Case  i.  When  a  radiation  pattern  does  not  conform  closely  to  an  ideal  one, 
as  in  Case  1 ,  nor  have  an  axis  of  circular  symmetry,  as  In  Case  2,  the  integration 
task  becomes  formidable.  If  a  transducer  does  not  have  circular  symmetry,  but 
is  symmetrical  In  tire  sense  that  the  right  and  left  halves,  or  top  and  bottom 
halves,  are  mirror  images  of  each  other,  an  averaging  process  can  be  used.  Then, 
the  patterns  in  several  planes  through  the  axis  of  symmetry  are  measured  and 
each  treated  as  in  Case  2.  The  average  R$  then  is  computed.  (Do  not  average 


l-ig.  2.S0,  Directivity  Index  calculator.  tfww  Kcfewiice  50.) 


Dt  or  decibels!)  When  there  is  tit*  symmetry  at  all.  a  long  tedious  three- 
dimensional  graphical  integration  is  necessary,  but  seldom  attempted. 

One  alternative  to  graphical  or  electronic  integration  is  a  diffuse  sound  tech* 
tuque  that  e>  equivalent  to  acoustical  integration.  A  i.dYuse  sound  field  is  one  in 
which  tire  time  average  oi  the  mcan-squaie  round  ucsstire  is  everywhere  the 
same  aud  the  llow  oi  energy  m  all  direction*  rsequtliy  probable.  The  diffuse 
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sound  sensitivity  of  a  hydrophone  is  the  ratio  of  the  time-averaged  voltage  out¬ 
put  to  the  diffuse  sound  pressure.  The  diffuse  sound  sensitivity  thus  is  the 
free-field  voltage  sensitivity  of  the  hydrophone  averaged  over  ail  directions.  It 
follows  then  that  the  ratio  of  the  free-field  voltage  sensitivity  to  the  diffuse 
sound  sensitivity  is  the  Rg,  or  the  difference  is  the  Dh  when  the  sensitivity  is 
given  as  20  log  M.  This  technique,  theoretically,  is  very  simple;  however,  there 
is  little  mention  of  it  in  the  literature  and  it  has  been  used  to  only  a  limited 
extent.52  The  expense  of  building  a  large  enough  reverberation  tank  in  which  a 
satisfactory  diffuse  sound  field  can  be  established  is  a  major  drawback. 


2.13  Impedance 

The  impedance  of  an  electroacoustic  transducer  usually  is  understood  to  mean 
the  electrical  impedance  measured  at  its  electrical  terminals.  When  some  other 
meaning  is  intended,  the  term  is  qualified.  For  example,  one  would  say  that  a 
soft  transducer  has  a  “low  acoustical  impedance.”  Along  with  sensitivity  or 
response  and  patterns,  the  electrical  impedance  is  a  common  and  standard  param¬ 
eter  in  the  calibration  and  evaluation  of  electroacoustic  transducers.  The 
impedance  serves  three  purposes:  (1)  It  provides  information  for  impedance 
matching  between  the  transducer  and  the  electronic  transmitting  or  receiving 
equipment.  (2)  It  is  used  in  the  computation  of  transducer  efficiency  and  driving 
voltage  from  current  responses  (or  vice  versa).  (3)  It  is  an  analytical  tool  for 
studying  the  performance  of  a  transducer. 

Impedances  usually  are  measured  with  wide-frequency -range  impedance 
bridges,  and,  theoretically,  the  measurement  doos  not  differ  from  the  measure¬ 
ment  of  the  impedance  of  a  resistor,  condenser,  or  coil.  In  practice,  however, 
there  are  several  important  considerations  that  must  be  recognized.  The  trans¬ 
ducer  must  have  its  proper  acoustic  load— usually  a  free  field.  An  underwater 
transducer  must  be  immersed  in  water,  and  the  effect  of  reflections  from 
boundaries  must  be  negligible.  A  simple  test  for  boundary  interference  is  to 
measure  the  impedance  in  several  locations  or  orientations.  Electrical  ground 
conditions  usually  are  important  and  often  bothersome,  Tire  impedance  may 
depend  on  which  of  the  two  terminals  is  grounded,  or  on  whether  any  terminal 
is  grounded.  When  one  terminal  is  grounded,  tire  measurement  is  referred  to  as 
unbalaitccd.  If  both  terminals  are  ungrounded  and  have  the  same  potential  with 
respect  to  ground,  the  measurement  is  referred  to  os  balanced.  Tire  cable  shield 
in  unbalanced  measurements  may  be  connected  to  ground  or  be  “iloating''  =tliar 
is,  not  connected  to  anything.  Grounding  conditions  in  fresh  water  differ  from 
those  in  salt  water.  If  a  cable  is  tong-say  100  feet  or  more-the  manner  m  which 
it  is  coiled  or  strung  mo,  or  whether  or  not  it  is  in  the  water,  may  affect  the  im¬ 
pedance.  Those  effects  are  caused  by  stray  inductance  and  capacitance,  and  are 
most  pronounced  at  ultrasonic  frequencies.  All  these  effects  occur  in  sensitivity 
measurements  as  well  as  in  impedance  measurements,  the  general  rule  ts  that 
all  grourtdingand  connection  conditions  should  be,  to  tire  greatest  possible  extent. 
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the  same  in  the  measurement  of  impedance  and  sensitivity  a;  in  the  actual 
use  of  the  transducer. 

Conversion  of  series  impedance  to  parallel  impedance  or  admittance,  or  vice 
versa,  is  given  by  the  following  formulas: 


R*  = 


Xt  * 


*>m  i  a 

*>  •  ~F  =  TT2  *  (2'94) 

where  R  is  resistance,  Af  is  reactance,  G  is  conductance, B  is  susceptanoe,  and  the 
subscripts  s  and  p  indicate  series  or  parallel.  The  three  ways  of  describing  the 
impedance  are  as  follows: 
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l  ®  R$  +  jXt  ° 
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(2.95) 


A  fundamental  understanding  of  the  nature  of  the  impedance  of  an  elector- 
acoustic  transducer  is  needed  in  connection  with  its  application  as  an  analytical 
tool.  Although  it  is  measured  electrically,  the  impedance  is  a  function  of  the 
mechanical  and  acoustical  (or  radiation)  characteristics  of  the  transducer.  The 
mechanical  mass,  stiffness  nr  compliance,  and  resistance,  all  appear  as  electrical 
impedances  through  tire  electromechanical  coupling  characteristic  of  the 
transducer-tluri  is,  through  the  piezoelectric  effect,  inagnetostrietlvc  effect,  the 
emf  induced  in  a  wir>  cutting  a  magnetic  flux,  and  so  forth.  The  characteristics 
of  the  medium  also  ippear  as  electrical  impedances  because  of  the  medium's 
effect  on  the  vibrating  parts.  Consequently,  the  impedance  of  a  transducer  can 
be  divided  into  seveial  parts  Hie  purely  electrical  part  is  the  part  that  would 
be  measured  ii  the  transducer  could  be  prevented  from  vibrating;  it  is  called  tire 
blocked  impedance  / 

The  difference  be  ween  the  iuijredaucc  when  the  uansdneer  is  vibrating  ami 
tlte  blocked  impedance  is  called  motional  impedance  because  it  is  due  to  tire 
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vibratory  motion.  Tire  motional  impedance  is  an  electrical  impedance  measured 
in  electrical  ohms,  even  though  it  arises  from  mechanical  motion.  The  motional 
impedance  ZM  has  two  parts:  (1)  the  part  corresponding  to  the  mechanical  im¬ 
pedance  Zm  of  the  vibrating  part  of  the  transducer,  and  (2)  the  part  corre¬ 
sponding  to  the  radiation  or  acoustical  impedance  Zr  of  the  medium  reacting  on 
the  diaphragm. 

Blocked  and  motional  admittances  also  can  be  defined  in  the  same  manner 
as  the  two  kinds  of  impedances  are  defined. 

The  relationship  between  the  motional  impedance  or  admittance  and  Zm  and 
Zr  is  complex  and  depends  on  the  type  of  electromechanical  coupling  used.  That 
is,  it  depends  on  whether  the  transducer  has  electrical  coupling  (piezoelectric, 
condenser)  or  magnetic  coupling  (magnetostrictive,  moving-coil,  etc.).  Just  as 
the  measured  electrical  impedance  can  be  a  function  of  the  mechanical  motion, 
the  mechanical  impedances  can  be  a  function  of  the  electrical  current.  The 
mechanical  impedance  of  a  transducer  is  the  quotient  force/velocity  at  some 
designated  point  (or  mechanical  terminals).  This  mechanical  impedance  is  not 
the  same  when  the  electrical  terminals  are  open-circuited  as  it  is  when  they  are 
short-circuited.  Consequently,  one  speaks  of  open-circuit  mechanical  impedance 
Z(W,„  and  short-circuit  mechanical  impedance  Zx,„ .  It  can  be  shown  that  the 
electrical  analog  of  a  transducer  is  the  circuit  in  Fig.  2.51.  The  factor  <t>e  is  the 
electromechanical  coupling  factor  or  proportionality  constant  between  me¬ 
chanical  force  and  electrical  voltage  in  the  transducer.  Similarly,  $m  is  the  pro¬ 
portionality  constant  between  the  force  and  electrical  current.  Figure  2.51a  is 
most  useful  for  transducers  with  electrical  coupling,  and  Fig.  2.5 1  b  for  transducers 
with  magnetic  coupling. 

For  analytical  purposes,  the  various  impedance  components  in  Fig.  2.Sla  can 
be  obtained  most  easily  from  a  measurement  of  the  admittance  of  the  circuit, 
Let  2  °  “  1/Fft,and  YM  be  the  motional  admittance.  Then 


¥  «*  Yb  ♦  ¥„  m  + 


7T,' 


(ZM) 


Similarly,  the  components  hi  Fig.  2.5 ib  can  be  obtained  most  easily  from  an 
impedance  measuremen  t : 


Z  “  2»  ♦  2«  •  2*  ♦ 


(2.97) 


Figure  2.52  is  a  graphical  illustration  of  llq.  (2,9ft)  for  a  piezoelectric  trans¬ 
ducer.  Figure  2.52a  is  a  plot  of  the  data  obtainable  directly  from  a  bridge. 
Figure  2.52b  is  a  plot  of  the  same  data  combined  into  one  locus  of  (i  *  fti  as  a 
function  of  frequency.  Tire  blocked  and  motional  admittance  is  obtained  by 
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lit.  2 J 1 .  Eleetiieal  analucs  of  eleeuoaeoustte  (taroducets. 


interpolation  as  shown  with  the  dashed  lines  in  Fig,  2.52a.  When  plotted  alone, 
ttb  is  a  constant,  Ph  is  a  straight  vertical  line,  and  Ym  is  a  circle,  as  shown  in 
Figs.  2.52b  and  2.52<, 

Figure  2.52  also  could  be  used  to  repiesent  Ft).  (2.97)  for  a  magnetic  trans¬ 
ducer  by  sub  diluting  H  and  fX  fort/  and///.  Piezoelectric  transducers  conform 
rather  closet),  to  the  idealized  case  represented  in  Pig.  2.52,  however,  but  mag¬ 
netic  transducers  do  not.  A  typical  plot  for  a  magnetic  transducer  appears  as 
shown  in  Pig.  2.53.  The  blocked  resistance  obviously  is  not  a  constant,  and  the 
(dealt  cd  drum  shown  in  Pig.  2.5  lb  must  be  modified.  The  modification 
usual)  •  consols  of  arranging  resistances  and  inductances  in  some  combination 
seties-^atallel  configuration,  and  assigning  a  phase  dtift  to  the  coupling  factor  <?*,. 

To  match  impedances  or  calculate  efficiency,  the  impedance  rather  than  the 
admittance  d  ually  o  desited.  tegardless  of  the  tiansdiuer  type.  An  impedance 
plot  of  a  pie/  adeem  transducer  is  shown  m  Pig.  2.54. 
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The  particular  vectors  shown  in  Fig.  2.52b  are  for  the  frequency  of  me¬ 
chanical  rcsonancc-that  is,  the  frequency  at  which  Zm  +  2,  is  a  minimum, 
Yu  is  a  maximum,  or  the  imaginary  part  of  either  ( Zm  +  Z,)  or  Yu  goes  to  zero. 
Spurious  resonances  are  indicated  by  secondly  loops  as  siiown  in  the  dotted  line 
in  Fig.  2.5  i.  Since  Z  and  >'  obviously  are  functions  of  Zf,  transducers  must  be 
radiating  into  their  normal  acoustic  radiation  load  during  an  impedance  measure¬ 
ment  at  frequencies  near  resonance.  At  frequencies  far  above  or  below  resonance, 
however,  Z\t«  Z,t  and  YM«  and  the  loading  condition  is  not  critical. 

Note  tl  at  the  diameter  of  the  motional  loop  is  inversely  proportional  to 
(Z,„  +  Zr)  Operating  an  underwater  transducer  in  air  is  equivalent,  essentially, 
to  setting  Z,  equal  to  zero.  Tills  allows  Q2/Zm  to  be  measured  alone  or 


96 


METHODS  AND  THEORY 


independently  of  Zr.  This  kind  of  measurement  is  used  to  compute  the  trans¬ 
ducer  efficiency  ;  it  is  discussed  further  in  Section  2.14. 

The  electrical  impedance  of  electroacoustic  transducers  is  analyzed  in  more 
depth  elsewhere  in  the  literature.53-55 

2.14  Efficiency 

The  steady-state  power  delivered  to  a  transducer  either  is  dissipated  in  the 
electrical  or  mechanical  resistance  within  the  transducer,  or  it  is  radiated  away. 
Insofar  as  the  electrical  analog  of  a  transducer  is  concerned,  the  radiated  power 
is  considered  as  dissipated  in  the  radiation  resistance.  The  efficiency  is  the  ratio 
of  the  output  radiated  power  to  the  input  or  total  power  delivered  to  the  trans¬ 
ducer.  Two  methods  are  used  to  measure  efficiency.  In  the  direct  method,  the 
input  and  output  powers  are  measured  directly.  In  the  impedance  method,  the 
ratio  of  the  input  and  output  powers  is  inferred  from  impedance  measurements. 
The  impedance  method  is  easier,  but,  because  of  necessary  assumptions,  it  also  is 
more  susceptable  to  error  and,  therefore,  of  limited  usefulness.  The  two  methods 
do  not  always  agree.  When  they  do  not  agree,  and  when  the  efficiency  of  a  trans¬ 
ducer  in  conventional  free-fleld  conditions  is  desired,  the  direct  method  is  pre¬ 
ferred.  When  the  conditions  are  other  than  free-field-as,  for  example,  in 
industrial  ultrasonics- the  impedance  method  may  be  preferred. 

Unlike  most  elect roacoustical  values,  efficiency  has  a  theoretical  limit- 1 00%, 
This  fact  can  be  quite  helpful.  Anyone  of  long  experience  with  highly  efficient 
transducers  probably  has  obtained  measured  values  of  efficiency  higher  than 
100%.  A  measured  value  of,  say,  10$%  is  not  to  be  ignored  and  can,  in  fact,  lead 
to  a  very  accurate  conclusion-provided  one  has  a  good  estimate  of  his  measure¬ 
ment  error.  Suppose  this  estimate  is  110%.  Then,  a  measured  efficiency  of  75% 
means,  in  fact,  that  the  efficiency  probably  ts  in  the  65%  to  SS%  range.  With 
the  same  measurement  error,  the  measured  IOS%  implies  that  the  real  efficiency 
probably  is  in  the  95%  to  115%  range.  Efficiencies  of  more  than  100%  being 
impossible,  it  is  concluded  that  the  real  efficiency  must  be  in  tlie  relatively  nar¬ 
row  range  from  95%  to  160%.  Such  logic  is  no  substitute  for  a  good  measure¬ 
ment  and  must  he  usri  with  restraint.  Nevertheless,  it  is  true  that  measured 
values  above  100%  are  not  automatically  discarded  as  useless. 

2.14.1  Direct  method 

In  tite  direct  method,  the  input  jiewet  is  measured,  as  it  would  be  in  any 
purely  electrical  measurement,  by  using  any  one  of  the  familiar  relationships: 

P,  •  PR,  *  “  *  eicosd,  (2 .98) 

wltere  Pf  is  the  input  power,  i  ti  the  input  rms  current,  c  is  the  input  rms  voltage, 
0  is  the  phase  angle  between  c  and  f,  Rt  is  tite  series  resistance  measured  across 
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the  input  terminals,  and  Rp  is  the  parallel  resistance  measured  across  the  input 
terminals.  The  resistances  R,  and  Rp  will  be  functions  of  the  electrical,  me¬ 
chanical,  and  radiation  resistances,  of  course,  and  normally  will  not  be  frequency- 
independent  constants. 

Tiie  output  pover  P0  is  obtained  from  a  measurement  of  the  sound  piessure 
on  the  acoustic  axis,  and  a  measurement  of  the  directivity  factor  Ra  <ir  direc¬ 
tivity  index  D,.  The  characteristic  impedance  pc  of  the  medium  is  presumed 
known.  Then 

P0  =  7  (tor2)  =  ('■^-'j(tori ),  (2.99) 


where,  as  in  Kq.  (2.79),  /  is  the  intensity  averaged  over  all  directions  and  f0  is  the 
intensity  cm  tin;  axis,  both  at  a  distance  r,  and  Ro  is  the  directivity  factor.  Then, 
if  P?  is  the  nns  pressure  on  the  axis  at  distance  rj9  »  pflpc,  and 


{it,*'  ' 

(2.100) 

The  efficiency  ij  ts,  then, 

.  .  Pa  -  <***ph 
n  >,  (Row*Rt) ' 

(2.101) 

If  r  tv  token  a*  1  meter,  tlte  laiio/v/r  is  the  transmitting  current  responses,  and 
t*q.  (2. 101)  simplifies  to 

(2.102) 

liquation  (2.102)  applies  as  it  t*.  if  MXS  unit*  ate  used.  If  the  hybrid  system  pf 
practical  electrical  units  ai‘d  eg*  acoustical  unit*  are  used. 

*•(&)$"**• 

(2.105) 

lettmg  A  “(4arfp«*)l0*i  and  putting  £q*  1 2.1(1*)  into  its  decibel 

form  yt.dds 

-  20  k^S-Di  *  IOWA,  *  10  log  A. 

(2.104) 

The  const  mf  iu  log  A'  depend*  on  live  wediuw  lew  sea  water  a;  20*t\  ?S  |M»t* 
per  KUO  salinity,  and  atmospheric  (netsute.  A  «  -70.9  dO,  mcasmcwoini 
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in  fresh  water  tanks  and  as  a  function  of  temperature  and  pressure,  the  constant 
is  slightly  different: 


10  log /f 


5°C 

15°C 

25°C 

Atmospheric  pressure 

-70.5 

-70.7 

-70.7 

1000  psig 

-70.6 

-70.8 

-70.8 

The  output  power  of  a  transducer  also  can  be  measured  by  reverberation 
techniques.56  Such  a  technique  is  not  applicable  to  a  conventional  efficiency 
measurement,  however,  because  the  radiation  resistance  of  the  transducer  when 
radiating  into  a  reverberation  tank  is  not  the  same  as  when  the  transducer  is 
radiating  into  a  free  field. 


2.14.2  Impedance  method 

At  the  resonance  frequency  of  an  electric  coupling  transducer,  the  motional 
reactance  is  zero,  and  the  analog  circuit  in  Fig.  2.51a  becomes  the  circuit  in 
Fig.  2.55  where  Rm  is  the  mechanical  resistance  and  Rr  is  the  radiation  resist¬ 
ance.  The  efficiency  obviously  is  the  ratio  of  the  power  dissipated  in  Rr  to  the 
total  power  dissipated  in  the  whole  circuit.  From  Figs,  2.52c  and  2.55,  it  can  be 
seen  that  the  diameter  of  the  motional  admittance  circle  with  a  normal  water 
load  is  given  by  Dw  =  <t>2l(Rm  +  Rr)-  When  the  transducer  is  operated  in  air,  7?, 
is  /ero  for  all  practical  purposes  and  the  circle  diameter  in  air  is  Da  =  <t>2lRm.  It 
can  be  shown  from  conventional  circuit  analysis  that  the  efficiency  is  given  by 


i2R 

r,  -  V1  -  flw(A,  -Dw) 

1  ~  RR  CDa 


(2.105) 


where  G  is  the  total  conductance  at  resonance. 


Rm/** 
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Fig.  2.55.  Electrical  analog  of  an  electroacoustic  transducer  when  the 
motional  reactance  J(Xm  +  X,)l<t>2  is  zero. 
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Similarly,  for  transducers  with  magnetic  coupling,  it  can  be  shown  that 


„  _  Dw(Da  Dw ) 
n  RDa  ’ 


(2.106) 


where  Dw  and  Da  now  are  tiie  diameters  of  motional  impedance  circles  and  R 
is  the  total  resistance  at  resonance. 

The  impedance  method  ol  computing  efficiency  should  be  used  with  caution. 
Electrical  impedance  can  be  measured  more  accurately  than  can  acoustical  pres¬ 
sure,  and  therefore  one  might  think  the  impedance  method  is  superior  to  the 
direct  method.  This  is  not  true.  Aside  from  measurement  errors,  the  impedance 
method  is  sensitive  to  the  initial  assumptions  that  the  transducer  is  described 
accurately  by  the  analogs  in  Fig.  2.5 1 ,  that  the  impedances  are  lumped  param¬ 
eters,  that  the  impedances  aie  independent  ot  each  other,  and  that  there  are  no 
stray  impedances.  Many  wierd  looking  impedance  curves  that  only  generally  re¬ 
semble  Fig.  2.52  give  ample  evidence  that  these  assumptions  often  are  untenable. 
This  is  particularly  true  for  magnetic  transducers.  It  is  true  also  for  reasons  un¬ 
connected  with  the  transduction  element  itself.  To  illustrate,  many  piezoelectric 
transducers  consist  of  crystals  or  ceran  ic  elements  immersed  in  oil  and  encased  in 
a  rubber  boot.  Removing  the  water  load  does  not  reduce  the  radiation  impedance 
to  zero.  The  oil  and  rubber  icmain,  loading  the  crystal.  If  the  remaining  oil  and 
rubber  happen  to  be  near  a  quarto -wave  thickness,  the  radiation  impedance 
actually  could  be  higher  in  atr  than  in  water!  More  details  about  the  theory  of 
tills  technique  are  available  in  the  literature.45  -S4-55 

The  impedance  method  should  be  reserved  for  circumstances  where  con¬ 
venience  outweighs  the  need  for  absolute  accuracy. 


2.15  Linearity  and  Dynamic  Range 

Linearity  and  dynamic  range  are  t elated  concepts  in  that  both  pertain  to  a 
dependence  of  the  transducer  calibration  on  the  signal  love). 

Linearity  has  a  very  precise  mathematical  meaning.  A  transducer  is  linear  if 
its  output  is  proportional  to  its  input— that  is,  if  the  quotient  outp  tt/input  is 
constant  or  independent  oi  die  absolute  value  of  either  the  output  or  the  input. 
Tlic  signal  range  over  which  a  transducer  is  linear  is  found  by  measuring  output 
t>&  input  over  a  wide  range  of  signal  levels,  When  the  output  is  plotted  as  a  func¬ 
tion  of  input,  usinn  rectangular  coordinates  and  linear  scales,  the  transducer  is 
linear  where  the  plot  is  a  straight  line.  For  u  hydrophone,  tite  output  is  open- 
circuit  voltage  and  the  input  is  free-fidd  pressure.  For  a  projector,  the  output  is 
free-field  pressure  and  the  input  is  current  or  voltage. 

Dynamic  range  has  a  less  precise  definition  than  does  linearity.  It  generally  is 
a  measure  of  the  signal  amplitude  range  in  which  a  hydrophone  can  be  used  to 
detect  and  measure  a  sound  pressure,  lire  standard  definition  is  “the  difference 
between  tite  overload  pressure  level  and  the  equivalent  noise  pressure  level." 
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The  term  “overload”  has  no  precise  meaning  in  either  a  qualitative  or  a  quanti¬ 
tative  sense.  The  overload  may  be  caused  by  signal  distortion,  overheating,  mag¬ 
netic  saturation,  damage,  etc.  The  method  of  overload  determination  must  be 
specified.  Any  appropriate  quantitative  criteria,  such  as  percentage  of  harmonic 
content  of  the  signal,  also  should  be  specified. 

The  equivalent  noise  pressure  is  the  rms  sinusoidal  pressure  that  will  produce 
an  rms  voltage  equal  to  the  inherent  noise  voltage  of  the  transducer  when  the 
noise  is  measured  in  a  1-Hz  band  centered  in  the  sinusoidal  frequency.  Thus, 
the  equivalent  noise  pressure  is  a  theoretical  threshold  at  which  the  signal-to-noise 
ratio  is  1,  or  0  dB.  In  practice,  the  threshold  or  minimum  detectable  signal  may 
be  eithe.  higher  or  lower  than  the  equivalent  noise  pressure.  Measurements 
seldom  can  be  made  in  a  1-Hz  band.  Bandwidths  wider  than  1  Hz  generally  are 
used,  thereby  raising  the  rms  inherent  noise  voltage  output  and  masking  a 
sinusoidal  signal  having  a  rms  voltage  output  equal  to  the  equivalent  noise 
pressure  voltage.  On  the  other  hand,  modern  signal  processing  techniques  enable 
signals  well  below  a  noise  level  to  be  detected  and  measured.  The  measurement 
of  equivalent  noise  pressure  is  discussed  in  Section  2.16.2. 

The  overload  pressure  level  is  measured  by  merely  subjecting  a  hydrophone  to 
gradually  increasing  free-field  pressures  until  the  overload  condition  is  observed. 
Since  the  overload  condition  is  somewhat  arbitrary,  it  is  possible  for  a  transducer 
to  be  nonlinear  and  yet  not  be  overloaded.  Magnetostrictive  transducers,  for 
example,  are  inherently  nonlinear,  and  usually  show  nonlinear  response  well 
below  their  maximum  useful  signal  level  or  overload  point.  The  reverse  also  is 
true.  That  is.  a  transducer  may  be  overloaded  and  yet  linear.  The  overload  point 
of  a  moving-coil  transducer  usually  is  set  by  the  heating  of  the  voice  coil  wire. 
The  (pressure  output)/(currcnt  input)  quotient,  howover,  is  essentially  inde¬ 
pendent  of  the  heatingeffect;  therefore,  a  moving-coil  transducer  with  a  hot  voice 
coil  still  can  be  linear.  In  some  literature,  linear  rango  and  dynamic  range  arc 
synonymous.  This  is  valid  only  if  one  chooses  nonlinearity  as  the  criterion  for 
ovorload,  and  if  the  transducer  is  linear  down  to  its  inherent  noise  level.  The 
latter  condition  seldom  exists,  since  noise  will  interfere  with  signal  levels  well 
above  the  equivalent  noise  pressure  level. 

Dynamic  range  is  not  applied  to  projectors,  because  tho  minimum  signal  that 
a  projector  can  produce  is  of  negligible  interest.  It  is  the  limitations  at  the  high 
end  of  the  signal  amplitude  range  that  are  important. 

Some  sonar  transducers  are  driven  ut  signal  levels  above  the  linear  range.  Tho 
resulting  nonlinear  effects  (distortion,  etc.)  urc  accepted  as  less  important  than 
other  technical  or  economic  considerations.  Test  tr  calibration  measurements 
can  be  made  on  nonlinear  transducers,  but  the  measurements  have  vory  limited 
application.  Tho  formal  definitions  of  transmitting  current  response,  free-field 
voltage  sensitivity,  impedance,  efficiency,  etc.,  apply  only  to  linear  transducers, 
and  the  terms  have  no  standard  meaning  in  nonlinear  cases.  Wlion  similar 
measurements  are  made  on  nonlinear  transducers,  the  absolute  value  of  at  least 
one  of  the  parameters  (pressure,  voltage,  or  current)  must  be  specified.  Since 
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harmonic  distortion  is  a  common  factor  in  nonlinear  systems,  it  is  necessary  also 
to  specify  whether  the  data  apply  to  the  fundamental  frequency  only  or  to  the 
combined  fundamental  and  harmonic  frequencies.  In  general,  the  measurement 
conditions  must  be  completely  specified  for  a  nonlinear  transducer,  and  the  data 
cannot  be  extrapolated  toother  conditions. 


I 


2.16  Noise  Measurements 

There  are  two  standard  general  definitions  of  noise.  The  first  is  that  noise  is 
any  undesired  sound.  Thus,  if  one  sonar  signal  interferes  with  a  second  sonar 
signal,  the  first  one  is  noise  even  though  it  may  be  a  pure  sinusoid.  Sixty-hertz 
“hum”  or  other  power  frequency  interference  likewise  is  noise.  The  second 
definition  is  that  noise  is  an  erratic,  intermittent,  or  statistically  random 
oscillation. 

Some  noises  may  be  erratic  and  intermittent  but  still  confined  to  certain 
discrete  frequencies.  Such  noise  has  a  line  spectrum,  the  term  being  borrowed 
from  optical  spectroscopy.  Other  noise  has  a  continuous  spectrum;  that  is,  its 
frequency  components  are  distributed  continuously  over  a  frequency  region. 

Insofar  as  measurements  are  concerned,  we  are  interested  in  noise  in  the  sense 
of  the  second  definition,  and  our  attention  will  be  confined  to  noise  in  a  con¬ 
tinuous  spectrum. 

Such  noise  can  bo  assumed  to  be  the  superposition  of  an  infinite  number  of 
sinusoidal  signals,  each  of  a  different  frequency  and  of  random  amplitude  about 
some  mean  amplitude.  The  relative  mean  amplitude  of  each  frequency  com¬ 
ponent  varies  with  the  type  of  noise.  When  the  mean  amplitude  is  independent 
of  frequency,  the  noise  is  called  white  noise,  from  tho  analogy  with  white  light. 

The  amplitude  of  ambient  sea  noise  decreases  S  dll  per  octave  as  the  fre¬ 
quency  increases.  In  most  practical  cases,  the  amplitude  is  a  smoothly  changing 
function  of  frequency.  The  total  sound  energy  in  a  finite  band  of  frequencies  is 
distributed  among  an  infinite  number  of  frequencies.  Tho  sound  cne  m  in  any 
single  frequency  component,  thus,  is  vanishingly  small  so  that  noise  must  be 
measured  in  a  band  of  frequencies. 

The  sound  energ)  in  a  band  of  frequencies  depends  on  the  bandwidth  and 
tiow  the  amplitude  of  the  frequency  components  varies  with  frequency.  If  the 
noise  is  essentially  white,  the  energy  is  proportional  to  the  bandwidth.  Hie  rms 
pressure  in  a  band  of  acoustic  noise  has  no  unique  relationship  to  the  sound 
energy.  In  most  practical  cases,  however,  the  rms  pressure  squared  (or,  mean  of 
the  pressure  squared)  is  proportional  to  tho  energy,  and  therefore  also  propor¬ 
tional  to  the  frequency  bandwidth.  An  acoustic  noise  thus  is  measured  by  tho 
rms  pressure  squared  />2  and  the  bandwidth  A/m  which  i)2  is  measured.  The 
pressure  spectrum  lev>-l  or  ihiL  is  defined  by  the  equation 

PSl  ■  20  log/ii  j  -  10  log  A/,  (2.107) 
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where  p0  is  the  reference  pressure  of  0.0002  qbar,  and  A /  is  the  bandwidth  in 
Hz.  Thus,  PSL  at  a  frequency  /0  is  the  rms  pressure  level  above  0.0002  /ibar  in  a 
1-Hz  band  centered  on  /0.  The  measurement  ordinarily  cannot  be  made  with  a 
1-Hz  filter,  and  20  log  A /  therefore  is  greater  than  zero.  The  noise  must  be 
essentially  white  in  the  band  A/,  or  an  average  PSL  is  measured.  The  selection  of 
a  practical  bandwidth  is  a  compromise.  The  bandwidth  must  be  narrow  enough 
to  ascertain  variations  in  the  PSL  as  a  function  of  frequency,  but  not  so  narrow 
that  the  random  instantaneous  noise  amplitude  becomes  so  large  that  p2  cannot 
be  measured  accurately.  Figure  2.56  shows  how  a  noise  signal  appears  on  a  re* 
corder  chart  when  a  white  noise  is  measured  through  different  filters. 


O.I  0.2  04  0.6  0,8  I  2  4  8  4  It* 


Fig.  2.S6.  Noise  signal  measured  through  a  6OQOH1,  a  200 Hz.  and  a  2041a,  sweep¬ 
ing,  bandpass  filter. 


Insofar  as  electroacoustic  measurements  are  concerned,  noise  levels  are 
measured  for  two  purposes.  First,  it  may  be  some  acoustic  noise  itself  that  is  of 
interest,  as,  for  example,  ship  noise.  The  measurement  of  noise  itself  requires  a 
noise  meter,  and  the  calibration  of  a  noise  meter  is  discussed  in  Section  2.16.1. 
Second,  the  inherent  noise  in  the  meter  or  measuring  system  is  of  interest  be* 
cause  it  is  the  limitation  on  the  minimum  measurable  signal,  or  low  limit  of  the 
dynamic  range.  Tills  limitation  Is  expressed  as  the  equivalent  noise  pressure.  It  is 
discussed  in  Section  2.16.2, 
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2.16.1  Noise  meter  calibration 

A  noise  meter  can  be  calibrated  most  simply  by  putting  the  hydrophone  in  a 
known  noise  sound  field.  However,  the  noise  field  can  be  known  only  if  it  is 
measured  by  a  second  calibrated  standard  meter  or  system.  Ultimately,  one  must 
depend  on  one  ol  the  absolute  hydrophone  calibration  techniques  described  in 
this  chapter  for  continuous-wave  sinusoidal  sound  pressure.  Given  such  a  cali¬ 
brated  hydrophone,  consider  the  noise-measuring  system  shown  in  Fig.  2.S7. 
The  electroacoustic  element  of  the  hydrophone  is  represented  by  the  Thevenin 
generator  voltage  eg  and  impedance  Z.  The  voltage  eg  =  Mp,  where  M  is  the 
known  free-field  voltage  sensitivity  and  p  is  the  unknown  sound  pressure.  The 
voltage  et  is  a  known  voltage  that  can  be  placed  acioss  the  calibration  resistor  R. 
The  meter  itself  includes  the  hydrophone  preamplifier,  filters,  and  all  other 
electronic  components.  It  may  also  include  the  signal  generator  for  e,-.  The 
reading  of  the  voltmeter,  recorder,  oscilloscope,  or  whatever  else  is  used  to 
measure  or  observe  the  system  output,  is  indicated  by  e0.  If  R  is  small  in  com¬ 
parison  with  Z  and  the  meter  input  impedance,  then  the  ratio  ejeg  =  ejej  =K, 
where  K  is  a  meter  calibration  constant.  Then 


£o 

4r 


(2.108) 


or 


§  a  MK.  (2.109) 

r 

it  we  were  dealing  only  with  sinusoidal  sound  pressures,  liq.  (2.108)  would  consti¬ 
tute  the  calibration  formula,  where  e0fp  is  the  system  calibration  in  terms  of  the 
hydrophone  calibration  M  and  meter  calibration  A'. 

When  p  i>  the  tins  noise  pressure  in  a  band  of  frequencies.  M  and  K  must  be 
known  for  die  frequency  band,  and  e0  must  be  proportional  to  pl  or  to  the 
total  power  in  the  frequency  band.  Ordinary  voltmeters,  even  when  calibrated 
in  terms  of  ruts  voltages,  are  not  power  meters.  Combining  Cqs.  (2.107)  and 
(M09)  produces 

PSL  =  20  log  e0  -  20  log  MR  -  20  log  -  10  log  A/.  (2.110) 

The  value  of  ;t/A'  at  the  bandpass  cenu  r  frequency  is  u<ed.  Any  change  of M  and 
K  wiili  frequency  (hen  is  accounted  or  in  tin  effective  bandwidth  A/',  f  igure 
2.58  shows  u\1K)'  plotted  as  a  func'iou  of  frequency.  When  both  coordinate 
scale*  are  •incar,  the  area  under  the  solid-line  auve  is  proportional  to  the  power 
through  the  hydrophone-meter  filler  system.  A  planlmeter  or  other  graphical 
technique  is  used  to  determine  litis  area,  and  then  an  idea)  tiller  characteristic 
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THEVEN1N  ANALOG  OF  HYDROPHONE  ELECTROACOUSTIC  GENERATOR 


shown  as  a  dashed  line  is  drawn  having  the  same  area  under  the  curve.  The 
height  of  the  ideal  filter  bandpass  characteristic  (AMO*  >s  taken  as  the  value  of 
( MK )2  at  the  center  frequency  /0.  The  ideal  or  effective  bandwidth  then  is  A/ 
as  shown.  The  selection  of  the  center  frequency /0  issomowhat  arbitrary.  The 
frequency  of  maximum  (MK)2  could  have  been  chosen.  Then,  since  the  product 
(MK)2&f  is  fixed,  10  log  A/  would  decrease  by  the  same  amount  that  20 
log  MK  would  increase,  and  Eq.  (2.110)  would  be  unaffected.  Thus,  AM,', 
pQ,  and  A/  in  Eq.  (2.1 10)  all  are  known,  and  the  PSL  is  determined  by  the 
meter  output  ea. 


tff,  2J8.  Heal  (wiki  tine)  and  equivalent  ideal  (dashed  line)  filter  eiuiaoeiistie. 
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2.16.2  Equivalent  noise  pressure 

The  equivalent  noise  pressure  is  the  normally  incident  sinusoidal  rms  pressure 
that  produces  the  same  hydrophone  open-circuit  voltage  as  does  the  inherent 
electrical  noise  of  the  hydrophone,  when  the  electrical  noise  is  measured  as  the 
rms  voltage  in  a  1-Hz  band.  Equating  these  two  voltages  and  solving  for  the 
pressure  p,  we  obtain 


P-&.  (2-111) 

where  M  is  the  free-field  voltage  sensitivity  and  en  is  the  noise  voltage.  Theo¬ 
retically,  en  is  measured  in  much  the  same  way  as  the  hydrophone  electro¬ 
acoustic  generator  voltage  eg  described  in  Section  2.16.1  From  Eq.  (2.108), 

J?,  (2.112) 


Converting  to  a  l -Hz  band  gives 

20  log  e„  =  20  log  e0  -  20  log/:  -  10  log  A/.  (2.113) 

Usually,  the  inherent  noise  of  an  electroacoustic  generator  without  its  pre¬ 
amplifier  ts  too  low  to  measure.  That  is,  the  electrical  noise  of  the  measuring 
system,  or  the  ambient  noise  in  the  medium,  is  greater  titan  the  generator  noise. 
Then,  the  inherent  noise  is  computed  by  assuming  tlie  noise  is  all  of  thermal 
origin  as  given  by 

^-•4 kTR,  (2.114) 

where  k  t,  the  Boltzmann  ga  s  constant  1 .38  x  10‘2i  joules  per  degree  Kelvin,  T  is 
the  absolute  temperature  in  degrees  Kelvin,  and  R  is  the  equivalent  series  resist¬ 
ance  of  the  transducer.  Hie  resistance  R  may  be  a  function  of  the  acoustic  load, 
pressure,  temperature,  and  so  forth,  and  therefore  must  be  measured  under  the 
proper  environmental  conditions.  For  the  temperature  20aC,  Eq.  (2.114) 
reduces  to 


Combining  Eq,  (2.1 1 1)  and  (2.1  IS)  produces 

20  log/*  *  ♦  10  tog  R  *  10  log  A/  -  20togM  (2.116) 
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If  the  equivalent  noise  pressure  of  the  hydrophone,  including  a  preamplifier 
or  other  associated  circuit,  is  needed,  then  the  measuring  technique  described  in 
Section  2.16.1  is  used.  The  preamplifier  then  is  included  in  the  generator  as 
pictured  in  Fig.  2.57  and  the  calibration  signal  ef  is  inserted  between  the  pre¬ 
amplifier  and  the  remaining  part  of  the  measuring  system.  There  are  some 
practical  problems  with  this  kind  of  measurement,  if  both  the  preamplifier 
output  and  meter  input  have  one  terminal  at  electrical  ground.  This  situation 
is  discussed  in  more  detail  in  Section  3.6. 
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FUNDAMENTALS  OF  FREE-FIELD  MEASUREMENT  PRACTICE 


3.1  Introduction 

Vv 

Most  underwater  electroacoustic  t.ioasu remen ts  fall  in  the  general  category  of 
free-field  tar-field  measurements.  Nearly  all  the  other  methods  described  in 
Chapter  II  are  specialized  and  not  widely  used,  but  facilities  for  free-field 
measurements  are  widespread.  Virtually  every  naval  laboratory  engaged  in 
undersea  research  and  development  has  a  facility  of  some  kind,  as  do  many 
naval  comractors  and  some  universities.  Such  facilities  are  relatively  large 
because  fn-e-field  far-held  measurements  cannot  be  made  on  a  laboratory  bench 
except,  perhaps,  at  megahertz  frequencies.  Facilities  usually  are  far  front  ideal 
in  providing  the  conditions  assumed  by  the  theory;  consequently,  correct 
measurement  practice  becomes  very  important. 

Tire  theory  of  free-field  far-field  electroacoustic  measurements  makes  few 
demands  cm  measurement  practice.  All  that  is  needed  is  (1)  a  free  field.  (2)  a 
projector-hydrophone  separation  large  enough  to  satisfy  far-field  criteria,  (3)  a 
means  of  measuring  input  current  or  voltage  and  output  open-circuit  voltage, 
and  (4)  values  of  a  few  parameters  like  distance,  water  density,  and  frequency. 
The  parameters  in  (4)  are  readily  available,  but  the  other  three  needs  are  decep¬ 
tive  in  their  apparent  simplicity.  The  free-field  requirement  in  particular  is  a 
very  large  and  complicated  problem.  A  true  free  field  or  a  uniform  boundless 
medium  is,  of  course,  only  an  idealized  concept.  A  major  share  of  the  practical 
problems  in  underwater  electroacoustic  measurements  pertain  to  achieving  a 
useful  approximation  to  a  free  field. 

The  theoretical  requirements,  along  with  convenience  and  economy,  lead  to 
various  measurement  practices  that  are  discussed  in  the  sections  that  follow. 
Details  of  measurement  practice  vary  greatly  from  place  to  place  and,  of  course, 
they  change  with  time.  For  the  most  part,  the  subjects  discussed  here  are  funda¬ 
mental  to  measurement  practice,  although  not  aii  tite  subjects  apply  to  all 
measurement  situations, 

3.2  Natural  Sites  and  Faculties 

Natural  sues  like  takes,  {Kinds,  large  springs,  rivets,  flooded  quarries,  reservoirs, 
and  ocean  inlets  all  have  been  used  for  free-field  measurements.  Such  sites  as 
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artificial  pools  and  indoor  tanks  are  used  also,  but  they  usually  require  pulsed 
sound  techniques  and  are  discussed  separately  in  Section  3.12.  The  basic  require¬ 
ments  are  (1)  enough  space  so  that  interference  from  boundary  reflections  can 
be  eliminated  by  pulsing  techniques,  ancchoic  boundaries,  or  spreading  losses  due 
to  long  distances,  (2)  a  low  ambient  noise  level,  and  (3)  a  water  medium  that  is 
relatively  free  of  anything  that  will  cause  refraction  and  scattering,  like  currents, 
temperature  gradients,  marine  life,  bubbles,  and  pollutants.  Protection  from 
rough  weather  also  is  desirable  from  the  point  of  view  of  low  ambient  noise  and 
platform  stability,  as  well  as  for  comfort  and  convenience. 

Facility  platforms  are  of  various  kinds-piers,  bridges,  barges,  or  other  semi- 
mobile  floating  structures,  and  boats  or  ships.  Piers  and  bridges  provide  the  best 
stability  and  convenience.  Where  the  body  of  water  is  large  and  deep,  however, 
a  floating  structure  must  be  used  and  stability  and  convenience  are  obtained 
through  sheer  size  of  the  structure  and  the  connections  to  the  shore  or  bottom. 

The  critical  dimension  of  natural  bodies  of  water  is  the  depth,  because  it 
usually  is  smaller  titan  the  horizontal  dimensions  and  because  the  top  or  water- 
air  surface  and  the  bottom  usually  are  the  best  reflecting  boundaries.  The  side 
boundaries  of  natural  bodies  of  water  usually  arc  relatively  distant  and  have 
slopes  that  form  a  natural  wedge-shaped  sound  trap  with  the  water-air  surface; 
that  is,  near-horizontal  sound  rays  will  be  reflected  many  times  between  the 
sloping  bottom  and  the  top  surface,  losing  a  little  sound  energy  into  the  bottom 
or  into  the  air  each  time. 

Sand,  silt,  or  muck  on  the  bottom  will  be  partial  absorbers  of  sound,  provided 
that  there  is  no  decaying  organic  material  in  them.  If  the  bottom  does  contain 
decaying  organic  material,  however,  bubbles  of  gas  (usually  methane)  form  con¬ 
tinually,  and  it  actually  becomes  a  water-gas  surface  and  a  good  reflector,  l*2 
Where  both  tire  top  and  the  bottom  are  good  reflectors,  the  interference  is  more 
titan  merely  twice  that  for  the  top  alone.  The  two  surfaces,  which  usually  are 
approximately  parallel,  produce  multiple  reflections  or  a  standing  wave  between 
the  top  and  bottom.  Such  interference  can  ire  many  times  the  magnitude  of  a 
single  reflection  interference,2  Concave  bottoms  can  produce  focused  reflections 
and  thereby  cause  unusually  high  interference. 

There  is  no  simple  criterion  for  the  minimum  acceptable  depth  for  a  facility 
site.  Tire  type  of  transducer,  the  kind  of  measurement  and  the  accuracy  required, 
rite  frequency  range,  and  whether  continuous  wave  or  pulsed  sound  is  used-all 
these  affect  lire  required  depth.  The  experience  of  seme  facilities,  however,  pro* 
vides  some  general  guidance.  Depths  as  small  as  20  feet  have  been  used,  but 
largely  for  the  ultrasonic  frequency  range,  For  measurements  at  high  audio  and 
ultrasonic  frequencies,  depths  of  23-50  feet  ate  typical;  for  frequencies  below  1 
kHz.  however,  the  25-50  foot  depth  is  marginal,  if  the  measurements  are  being 
made  on  wide-band  transducers  with  approximately  constant  response  or  sensi¬ 
tivity,  boundary  interference  usually  can  be  recognized  and  corrections  can  be 
made.  Transducers  with  resonances  below  I  kHz  should  be  calibrated  in  deeper 
water  where  transducer  depths  of  the  order  of  SO  feet  or  more  ate  feasible. 
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Fish  can  be  a  problem  if  one  must  rig  the  transducers  at  a  shallow  depth  where 
fish  are  present.  The  gas-filled  bladders  that  many  fish  have  act  as  bubbles  that 
resonate  in  the  audio-frequency  range. 

Producers  of  ambient  noise  include  boat  or  ship  traffic,  nearby  machinery 
(particularly  pumps  coupled  to  the  water),  trucks,  railroads,  rain,  and  wave 
motion.  Surprisingly,  large  airplanes  are  a  source  of  noise  interference  because 
their  noise  level  is  so  high.  Even  with  a  30*dB  air-to-water  transmission  loss,  the 
noise  from  an  airplane  can  produce  a  high  noise  level  in  the  water. 

Temperature  gradients  are  tioublesome  when  they  are  present  at  or  near  the 
depth  at  which  the  transducers  are  placed.  The  sound  waves  are  refracted  and 
this  of  course  can  cause  errors  in  measurements.  Figure  3.1  shows  some  tempera¬ 
ture  profiles  or  thermoclir.es  in  Lake  Gem  Mary  at  Orlando,  Florida,  before 
measures  were  taken  to  eliminate  the  gradients.  Some  species  of  fish  apparently 
prefer  certain  water  temperature;.,  which  leads  to  concentrations  of  fish  at  certain 
depths.  Temperature  gradients  in  small  quiet  bodies  of  water  are  greatest  near 
the  surface  and  in  warm  weather.  In  deep  lakes,  the  gradient  becomes  negligible, 
for  purposes  of  electroacoustic  measurements,  at  depths  of 50-1 00  feet.  A  spring 
usually  will  be  almost  isothermal  and  itavc  no  gradients.  Small  lakes  or  ponds  can 
be  made  isothermal  by  forced  vertical  circulation  of  the  water.  A  lugh-capacity 
low-pressure  pump  is  used  for  this  purpose  at  the  Dodge  Pond  Facility  of  the 
Navy  Underwater  Sound  Laboratory  in  New  London.  Connecticut.  At  Lake  Gem 
Mary  in  Orlando.  Florida,  high-pressure  air  is  released  through  a  grid  of  perfo¬ 
rated  pipes  supported  near  the  bottom  beneath  the  measurement  working  area. 
The  bubbles  rise  to  the  surface,  and  produce  vertical  circulation  in  the  process, 
Tliis  circulation,  maintained  for  a  few  hours  each  night,  keeps  the  whole  800-ft- 
diameter,  30-ftdeep  lake  approximately  isothermal.  Vertical  circulation  also 
inhibits  the  production  of  methane  bubbles  by  anaerobic  bacteria  on  the  bottom. 

Clean  water  is  helpful  although  not  necessary.  Artificial  pools  and  tanks  can 
be  kept  clean  by  circulation  and  filtering.  Thin  plastic  liners  such  as  would  be 
used  for  a  deep  artificial  swimming  poo!  can  be  used  to  accomplish  the  same 
put  (mse  in  natural  bodies  of  water,  The  liner  is  suspended  in  the  water  and  forms 
an  enclosed  pooi  within  the  larger  lake  or  pond.  The  plastic  is  acoustically  nans* 
patent  so  the  fteedield  characteristics  of  the  large  natural  body  of  water  are 
reunited,  but  the  confined  water  can  be  filleted  to  keep  it  clean. 

The  facilities  shuwo  in  Ftgs.  3,2  to  3.7  are  representative  of  natural  site*  used 
by  naval  activities  and  contractors.  The  TRANSOM*  facility  shown  in  Pig.  3.7 
is  an .  .ifkial  poo),  but  is  unusually  large,  and  more  nearly  characteristic  of  an 
outdoor  natural  site  facility  than  of  an  indoor  artificial  pool  or  tank. 

3.1  Transducer  Preparation  and  Positioning 

Transducers  that  are  Ik  tug  readied  for  unmet  von  hi  the  water  should  be 
thoroughly  washed  with  a  wetting  agent.  It  ts  vitally  important  that  ah  air  tn 
cracks,  slots,  cornets,  and  so  forth  be  completely  eliminated,  It  is  important  also 
that  ilic  temperature  of  llie  transducer  be  equalised  With  (fiat  or  die  water  and 
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Fig,  3.1.  Typical  thermoclinos  in  Lake  Gem  Mary,  Orlando,  Florida.  Average 
depth  of  the  lake  near  the  calibration  facility  is  8-9  meters. 
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Fi|,  3.2,  Lake  Facility  of  the  Underwater  Sound  Reference  Division  of  the  NavaJ  Research 
Laboratory  at  Lake  Gem  Mary  near  Orlando,  Florida .  The  structure  consists  of  three  parallel 
and  csientially  identical  piers  supported  by  widely  spaced  luLuta  piling  driven  deep  into 
the  bottom  of  the  lake.  Water  depth  beneath  the  piers  is  8-9  ureters. 


l-'tg.  3.4,  Facility  of  the  Applied  Research  laboratories  of  Hie  University  of  Texas.  The 
,  take  iOtuaily  is  a  reservoir  behind  a  Urge  P  un  a  few  hundred  yards  to  the  right  and  out  of  the 

||  picture.  The  water  level  U  subject  to  large  atut  rapid  changes,  nud  the  floating  structure  is 

■:/•  loosely  tied  to  Ute  shote  or  as  to  allow  for  the  change. 


& 


FUNDAMENTALS  OF  FREI  '-FIELD  MEASUREMENT  PRACTICE 


115 


lie.  3.5.  t  jellity  of  (he  Nuvj  Underwater  Sound  Laboratory  at  Dodge  Pond  near  New 
London,  Connecticut.  The  jioiul  Is  about  12  meters  deep.  The  structure  is  flouting  and 
supported  I  <’  pontoons.  The  water  level  Is  stable.  Toe  structure  Including  the  walkway 
(and  drivew.iy)  also  is  stable  am  firm  and  functions  somewhat  like  a  floating  pier. 


Fig.  3.6,  Facility  of  the  San  Diego  Division  of  the  Naval  Undersea  Roscarch  and  Develop¬ 
ment  Center  on  Lako  Pend  Oreille  in  northern  Idaho.  The  lake  is  about  200  meters  deep 
beneath  the  floating  barge,  and  measurements  arc  made  at  depths  of  3060  meters.  Long 
anchor  tines  connect  the  barge  to  the  shore  and  bottom. 


& 


L'« 
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tTg,  3.7.  TKANSOKC  Facility  of  the  Naval  Undersea  Reusweh  and  Development  Center, 
on  Point  Lorna,  San  Diego,  California.  The  very  Urge  arlUkaal  pool  u  manned  by  a  Hailey 
Bridge-type  structure. 
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stabilized  within  itself.  If  a  transducer  that  has  been  lying  in  the  heat  of  the  sun 
or  for  any  other  reason  is  unusually  warm  is  put  into  cool  water,  air  bubbles  may 
collect  on  its  surface.  The  warm  transducer  will  heat  the  water  layer  next  to  the 
transducer.  If  the  water  already  is  saturated  with  air,  the  air  will  come  out  of 
solution  and  cling  to  the  transducer  because  air  is  less  soluble  in  warm  water  than 
in  cold  water.  Uneven  temperatures  within  a  transducer  also  may  cause  stresses 
and  strains.  It  is  good  practice  to  soak  a  transducer  several  hours  before  measure¬ 
ments  are  made. 

The  rigging  structure  that  suspends  or  holds  a  transducer  in  the  water  should 
be  acoustically  as  invisible  as  possible.  In  practice,  this  means  a  structure  that  is 
as  light  as  is  feasible,  consistent  with  other  requirements  of  mechanical  strength 
and  rigidity.  Lattice-work  is  preferable  to  single  large  beams.  Pipes  and  hollow 
rods  should  be  free  flooding.  The  structure  should  be  as  remote  as  possible  from 
the  transducer  diaphragms  or  active  faces  and  the  acoustic  path  between  the  pro¬ 
jector  and  hydrophone.  Care  must  be  taken  so  that  parts  of  the  transducer  that 
normally  vibrate,  intentionally  or  otherwise,  are  not  clamped  or  damped  by  the 
tigging.  Figure  3.8  shows  a  typical  rigging  of  small  transducers. 


F ig»  3.8.  IVptaat  tigging  of  ntuil  UjakIuccu. 
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Both  rigid  and  free-hanging  rigging  is  used.  In  the  rigid  type,  the  transducer 
is  rigidly  connected  to  the  supporting  platform.  In  the  free-hanging  type,  a 
gimbal  or  a  ball-and-socket-type  suspension  is  used  so  that  the  transducer  hangs 
freely  from  the  platform.  The  free-hanging  type  is  preferable  where  the  trans¬ 
ducer  is  a  symmetrical  or  balanced  load,  and  where  especially  deep  rigging  is 
used.  The  rigid  type  is  used  where  unbalanced  loads  are  difficult  to  avoid.  For 
example,  if  a  transducer  consists  of  a  cylindrical  housing  with  the  diaphragm  or 
acoustic  center  at  one  end,  rotation  for  directivity  pattern  measurements  must 
be  about  an  axis  at  that  end,  as  shown  in  Fig.  3.9.  Counterbalancing  is  possible 
but  difficult  with  a  free-hanging  suspension.  Precise  counterbalancing  must  be 
done  in  the  water  so  that  buoyancy  effects  are  included.  For  unusually  heavy 
unbalanced  loads,  even  rigid  rigging  may  need  counterbalancing  as  shown  in 
Fig.  3.10.  Counterbalancing  for  a  rigid  structure  need  not  be  precise.  The 
counterbalancing  weight  should  be  kept  remote  from  the  transducer. 


Kijpd  lifting  (uuiitkj  im  untuLutoxi  Lad. 
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Fly.  3.  >9.  Rigid  and  counteibaiaflesd  lining  for  .■  heavy  unbalanced  toad. 


In  most  ac  ill  ties,  the  transducers  are  suspended  from  carriages  that  can  be 
mined  alon  rails  otuhe  platform.  Tills  arrangemen!  makes  it  easy  to  adjust  tlie 
distance  bet  veen  the  projector  and  the  hydrophone 
There  arc  four  normal  positioning  requirements:  ( t )  The  projector  and  hydro* 
plume  must  be  at  ti  e  same  depth.  (2)  The  projector  and  hydrophone  separation 
must  be  known.  (.-)  The  direction  of  Urn  acoustic  axis  of  each  transducer  must 
be  known.  (4)  Winn  rotation  is  involved,  the  axis  of  rotation  must  be  known. 

All  posit  ons  are  deternu  ted  relative  to  the  acoustic  center  of  the  transducer. 
The  choice  of  the  aeoustl  center  can  be  arbitrat  e  Any  point  on,  or  even 
remote  fron  ,  the  transducer  can  be  chosen.  Iloweve  ,  if  the  real  acoustic  center, 
or  point  on  i  projector  fron  winch  the  transmitted  s  mud  appears  to  emanate,  is 
not  the  saw  *  as  the  chosen .  eoustic  center.  Uteri  the  Hydrophone  must  be  placed 
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so  far  away  that  the  separation  of  the  two  centers  is  negligible.  That  is,  the 
projector-to-hydrophone  distance  would  have  to  be  about  100  times  the  distance 
between  the  real  and  the  chosen  acoustic  centers  or  farther.  Consequently,  in 
practice,  the  acoustic  center  is  chosen  to  be  as  near  as  possible  to  the  real  center. 
The  real  acoustic  center  is  known  accurately  only  for  some  symmetrical  radiators 
like  spheres  and  cylinders,  where  the  acoustic  center  and  the  center  or  symmetry 
are  the  same.  For  piston  radiators,  the  center  of  the  piston  face  is  used.  When 
the  transducer  is  of  some  unusual  configuration,  the  location  of  the  acoustic 
center  may  not  be  evident.  Then,  distance  loss  measurements  can  be  made.  For 
example,  measure  the  pressure  at  two  different  distances  dy  and  d2.  If  the 
assumed  position  for  the  acoustic  center  is  the  correct  position,  the  ratio  of  the 
measured  pressures  should  conform  to  the  inverse  square  spreading  law;  the  pres¬ 
sure  level  differences  should  be  20  log  (d2/dl).  If  the  measured  difference  is 
lower  than  the  computed  difference,  the  assumed  acoustic  center  is  too  far 
forward.  If  the  difference  is  too  large,  the  assumed  center  is  too  far  to  the  rear. 
This  test  is  illustrated  in  Fig.  3.1 1.  Obviously,  if  both  d\  and  d2  are  large,  the 
error  due  to  Ad  in  Fig.  3.1 1  will  be  small.  In  this  test,  it  is  assumed,  of  course, 
that  there  are  no  distance  loss  errors  for  other  roasons  such  as  are  listed  in 
Section  3.5. 
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Good  precision  in  positioning  is  possible,  and  position  errors  are  not  critical. 
It  is  easy,  for  example,  to  position  the  projector  and  hydroplume  with  a  separa* 
lion  error  of  less  titan  2%,  and  a  2%  error  would  cause  a  pressure  level  error  of 
less  than  0.2  dU. 

Inaccurate  orientation  of  the  acoustic  axis  is  mure  serious  than  position  errors. 
A  one-degree  misalignment  of  tlie  axis  can  result  in  pressure  level  errors  of  several 
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dB  where  the  level  is  measured  on  the  side  of  the  main  lobe  of  the  beam  pattern. 
Large  transducers  sometimes  arc  oriented  acoustically;  that  is,  the  orientation 
that  produces  maximum  response  is  taken  as  the  acoustic  axis. 

Errors  in  depth  can  lead  to  the  unusual  observation  of  a  negative  distance  loss. 
The  apparent  pressure  level  will  go  up  instead  of  down  as  the  projector-to- 
hydrophone  distance  is  increased,  if  one  of  the  transducers  has  a  narrow  beam. 
The  effect  is  illustrated  by  Fig.  3.12.  At  the  short  distance,  the  hydrophone  is 
below  or  to  the  side  of  the  main  beam.  When  the  separation  is  increased,  the 
hydrophone  angle  error  becomes  smaller  or  the  acoustic  path  moves  closer  to  the 
maximum  of  the  main  beam.  The  signal  increase  due  to  being  higher  up  on  the 
main  beam  exceeds  the  distance  loss,  thereby  causing  a  reversal  of  the  normal 
distance  loss. 


For  recording  directivity  patterns,  transducers  almost  always  arc  rotated  about 
a  vertical  axis,  with  the  transducer  being  reoriented  in  the  hanger  to  obtain  pat- 
terns  in  various  planes.  The  mechanical  rotator  usually  is  above  tire  water,  except 
in  some  very  deep  water  facilities. 

3.4  Proximity  Criteria 

A  projector  and  hydrophone  are  separated  by  the  minimum  acceptable  dis¬ 
tance  in  order  to  minimize  interference  from  reflections.  The  criteria  tor  the 
minimum  distance  or  proximity  are  a  function  of  the  size  and  configuration  of 
both  transducers  and  of  the  type  and  desired  accuracy  of  the  measurement. 

The  proximity  criterion  for  a  projector  alone  comes  from  the  requirement  im¬ 
plied  in  the  definition  of  tire  transmitting  current  or  voltage  response  that  the 
pressure  be  that  in  a  spherically  diverging  wave.  The  reference  distance  is  one 
meter  from  the  projector.  If  the  wave  is  not  spherically  divergent  at  one  meter, 
however,  the  pressure  must  be  measured  at  some  larger  distance  and  extrapolated 
back  to  one  meter  by  making  the  assumption  that  the  pressure  is  inversely  pro¬ 
portional  to  the  distance. 

The  proximity  requirement  for  a  hydrophone  comes  from  the  definition  of 
the  free-field  voltage  sensitivity  in  which  the  input  frce-field  pressure  is  specified 
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as  that  in  a  plane  progressive  wave.  Plane  waves  can  only  be  approximated  in  a 
free  field,  so  the  practical  requirement  is  that  the  hydrophone  intercept  a  segment 
of  a  spherical  wave  that  is  indistinguishable  from  a  plane  wave.  That  is,  the 
segment  must  be  very  small  or  the  radius  of  curvature  of  the  wave  must  be  very 
large. 

The  question  of  sufficient  distance  between  projector  and  hydrophone  can  be 
answered  experimentally.  With  a  constant  current  into  the  projector,  the  output 
voltage  of  the  hydrophone  can  be  measured  at  two  or  more  distances.  If  the 
voltage  is  inversely  proportional  to  the  distance,  the  proximity  criterion  is  satis* 
fied.  However,  if  the  desired  proportionality  is  not  found,  the  error  may  be  due 
to  causes  other  than  proximity,  and  the  question  is  not  answered.  For  such 
reasons,  as  well  as  for  measurement  design  and  planning,  proximity  criteria  and 
an  understanding  of  proximity  effects  are  useful. 

Proximity  criteria  are  available  in  the  literature4  *s*6*7  for  transducers  of  com¬ 
mon  shapes  like  pistons  and  lines.  These  criteria  apply  to  single  transmitting 
transducers  in  that  they  define  the  distance  at  which  the  Fresnel  zone  or  near 
field  ends  and  the  Fraunhofer  zone  or  spherically  divergent  far  field  begins.  When 
applied  to  projector-hydrophone  combinations,  these  criteria  are  valid  only  if 
the  hydrophone  is  essentially  a  point  sensor.  If  neither  the  projector  nor  the 
hydrophone  is  a  point,  a  proximity  criterion  for  the  combinations  must  be  es¬ 
tablished.  This  criterion  is  not  merely  tiro  sum  of  the  individual  criteria  for  the 
two  transducers. 

Although  proximity  criteria  for  single  transducers  usually  are  visualized  in 
terms  of  where  the  spherically  divergent  far  field  of  a  projector  begins,  the 
criteria  apply  also  to  tire  transducer  as  a  hydrophone,  From  reciprocity  theory, 
it  is  apparent  that  tire  proximity  criterion  for  the  combination  of  a  large  piston 
and  a  small  point  transducer,  for  example,  must  be  the  same,  regardless  of  which 
is  the  projector  and  which  is  the  hydrophone. 

The  combination  of  a  large  circular  piston  and  a  small  point  transducer  is  a 
common  and  particularly  suitable  example  to  illustrate  tire  theory  and  rationale 
of  proximity  criteria. 

If  the  targe  piston  is  the  projector,  the  sound  pressure  on  the  piston  axis,  as 
would  be  measured  by  a  point  hydrophone,  is  shown  in  Fig.  3.13.  The  dashed 
curve  showing  the  inward  extrapolation  of  the  far-fieid  pressure  meets  the  solid¬ 
line  curve  very  gradually,  indicating  that  there  is  no  exact  boundary  between  near 
field  and  far  field.  It  is  not  surprising,  therefore,  tltat  the  proximity  criteria  of 
different  authors  do  not  always  agree. 

tf  the  large  piston  were  the  hydrophone  and  the  projector  were  a  point  source 
on  the  axis  of  the  piston,  the  waves  impinging  on  the  piston  would  he  spherical 
rather  than  plane.  Tire  magnitude,  of  the  pressure  at  the  periphery  of  the  piston 
would  be  less  than  at  the  middle,  and  the  pressure  would  vary  in  phase  as  one 
moved  from  the  middle  to  the  periphery,  flic  average  free-fteld  pressure  at  the 
position  of  the  piston  face  clearly  would  he  less  than  tire  pressure  at  the  middle 
or  axial  point  of  (he  piston  diaphragm,  if  one  plotted  this  average  ftee-field 


FUNDAMENTALS  OF  FREE-FIELD  MEASUREMENT  PRACTICE 


123 


Fig.  3.1 3.  Relative  pressure  p  at  distance  x  on  (he  axis  of  a  circular  piston  projec¬ 
tor  of  radios  a  for  sound  of  wavelength  X.  Also,  the  average  ftcc-ficld  pressure 
over  the  area  of  a  circular  piston  hydrophone  of  radius  a,  from  a  point  projector 
at  distance  v  on  the  hydrophone  axis. 


pressure  as  a  function  of  the  point  projector's  position  on  the  axis,  the 
shape  of  the  curve  would  be  identical  to  that  in  Fig.  3.13.  The  proximity 
criterion  for  the  piston  hydrophone  case  would  be  the  same  as  for  the  piston 
projector  case. 

The  proximity  criterion  for  a  circular  piston  in  a  rigid  bailie  is  found  by 
analysing  the  expression  for  the  axial  pressure: 

p  -  2m  sin  lfc*|(*s  ♦  a*)*  -  x)  i,  (J. I ) 

where  p  is  the  water  density,  c  is  the  speed  of  sound,  u  is  the  piston  velocity, 
k  *  2«/X  is  the  wave  number,  X  is  the  wavelength,  x  is  the  axial  distance,  and  a  is 
tire  piston  radius. 

In  tire  far  field,  Eq.  (3.1)  reduces  to 

P  “  (3.2) 

Mathematically,  the  proximity  criterion  relates  to  the  question  of  what 
approximation*  ate  necessary  to  reduce  tiq  (3.1)  to  Eq.  (3,2).  These  approxi¬ 
mations  are  found  as  follows: 
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The  term  (x2  +  a2)^  is  developed  by  the  binomial  expansion  into  the 
infinite  series 


(xW)»  -*♦  £  -  g  ♦  ....  (3.3) 

and  only  the  first  two  terms  of  the  series  are  used.  That  is,  the  approximation 

(x2  +a2)i4  cr  x  +  —  (3.4) 

is  valid  if 

a1  fl4  a 

s  >>  8T3  0r  x  <<  2- 
Substituting  Eq.  (3.4)  into  (3.1 )  produces 

p  =  2pat  sin  |^*|  ■  Ipcu  sin|  |~|.  (3.6) 

As  the  second  approximation,  we  use  the  common  expression  sin  0  =r  9  for 
small  angles,  or 


ira2  ira2 

m  - 


if 


«  1 


or 


«  x. 


Substituting  Eq.  (3.7)  into  (3.6)  yields 


P 


(37) 


(3.8) 

m 


Equation  (3,9)  is  the  fardleld  expression  where  p  is  inversely  proportional  to  x. 

The  approximation  errors  of  Oqs.  (3.4)  and  (3,7)  are  shown  in  Fig.  3,14.  This 
figure  slruws  how  the  eriteria  depend  on  lire  arbitrary  choice  of  acceptable 
accuracy,  in  general,  the  minimum  value  of  x  at  high  frequencies  is  set  by  the 
acceptable  error  in  Fig.  3.14b.  lids  minimum  distance  x  becomes  smaller  as  the 
frequency decreases  mutt  at  low  frequencies  it  reaches  a  constant  value  set  by  the 
acceptable  error  in  Fig.  3.14a.  This  is  illustrated  in  Fig.  3.1$  for  the  case 
a  “  10  cm  where  each  straight  Uue  corresponds  to  one  of  the  several  criteria 
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indicated.  At  and  near  the  points  where  the  lines  intersect,  the  maximum  error  is 
the  sum  of  the  two  errors. 
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Fig.  3.15.  Minimum  distance  x  between  a  circular  piston  of  radius  a  and  a  point 
transducer  according  to  the  proximity  criterion  shown  on  each  line. 


There  are  two  proximity  criteria  because  waves  are  characterized  by  two 
parameters-phase  and  amplitude.  The  criteria  in  Eqs.  (3.5)  and  (3,1 1)  and  the 
error  curve  in  Fig.  3.14a  are  independent  of  wavelength  and  relate  to  amplitude 
requirements.  The  criteria  in  Eqs.  (3.8)  and  (3.10)  and  the  error  curve  in  Fig. 
3.14b  relate  to  the  phase  requirements. 

Criteria  for  transducers  other  than  uniform  circular  pistons  are  developed  in  a 
similar  way.  However,  where  the  shape  is  not  a  simple  circle,  square,  line, 
and  so  forth,  calculations  may  become  impossible.  Fortunately,  experi¬ 
ence  shows  that  loose  approximations  can  be  made  about  the  shapo  of 
transducers. 

For  squar  pistons,  the  criterion  is  x  >  w2/X ,  where  w  is  the  width  of  one  side 
of  the  squaic.  The  criterion  for  a  square  and  Eq.  (3.10)  for  a  circle  can  be  com¬ 
bined  into 


x  > 


area 

X 


(3.12) 
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and  used  for  any  uniform  piston  shape  (hexagon,  octagon,  and  so  forth)  that 
approximates  a  circle  or  square. 

Nonuniform  pistons  almost  always  are  of  the  type  having  a  shaded  or  tapered 
velocity  amplitude  that  is  maximum  at  the  center  and  gradually  reduces  to  zero 
at  the  periphery.  The  effective  diameters  or  widths  can  be  taken  between  the 
points  having  0.5  normalized  amplitudes-that  is,  between  the  half-shaded  points. 
If  the  shading  design  is  unknown,  the  safe  step  is  to  assume  that  there  is  no 
shading. 

The  criteria  for  lines  or  thin  cylinders  are 


x>  —  (3.13) 

and 

x>L,  (3.14) 

where  L  is  the  line  length.  Both  Eqs.  (3.13)  and  (3.14)  are  very  conservative,  but 
they  are  useful  in  that  they  combine  easily  with  piston  criteria  to  provide  two 
simple  and  general  rules.  From  Eqs.  (3.10),  (3.1 1),  (3.12),  (3.13),  and  (3.14), 
one  can  derive  the  general  rules  for  response  measurements  with  pistons  and 
lines: 


^  (maximum  dimension)2 

X 

(3.15) 

x  >  maximum  dimension. 

(3.16) 

Figure  3.16  is  a  chart  in  which  Eqs.  (3.15)  and  (3.16)  are  used  for  the  general 
cases  of  transducers  that  have  various  maximum  dimensions.  These  are  conserva¬ 
tive  criteria  tliat  allow  errors  of  0.5  dB  or  less. 

When  distances  that  are  too  short  to  meet  proximity  criteria  must  be  used,  tho 
corrections  shown  in  Figs.  3.17  and  3.18  can  be  used.5 

The  general  criteria  given  in  Eqs.  (3.1  S)  and  (3.16)  apply  only  to  such  cases  us 
tile  piston  and  thin  cj  Under  or  line  where  the  diaphragm  or  active  area  or  the 
transducer  lies  approximately  in  a  plane  normal  to  the  acoustic  axis.  The  criteria 
assure  that  both  the  amplitude  ami  phase  of  a  sound  wave  impinging  on  the  plane 
from  a  distance  x  are  uniform  and  thereby  simulate  a  plane  wave.  For  trans¬ 
ducers  in  which  the  diaphragm  is  not  planar  (a  thick  cylinder,  for  example)  and 
for  directivity  pattern  measurements  where  the  diaphragm  does  not  remain  in 
one  piano,  additional  limitations  are  necessary.  Proximity  criteria  for  such  cases 
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Fig  3.16.  Minimum  distance  x  betwoen  a  transducer  of  maximum  dimension  D  and 
a  point  hydrophone,  according  to  the  criterion  x  >  D*l\  and  lower  limits  os  shown. 
Speed  of  sound  is  taken  is  1500  m/sec. 


are  not  very  amenable  to  calculation,  but  they  can  be  analyzed  by  considering 
the  diagram  in  Fig.  3.19.  Assume  that  the  circle  shown  either  is  a  cross-section 
of  a  thick  cylinder  or  represents  the  volume  swept  out  by  the  rotation  of  a  plane 
transducer.  The  spherical-wave  segments  impinging  on  the  transducer  position 
then  must  simulate  plane  waves  over  the  entire  volume  occupied  by  the  trans¬ 
ducer.  The  spherical  wave  segments  become  more  plane  as  the  radius  of  curva¬ 
ture  increases.  Further,  the  phase  of  the  pressure  (but  not  the  particle  velocity) 
in  a  spherical  wave  is  independent  of  the  curvature.  Consequently,  if  the  phase 
proximity  criterion  of  Eq.  (3.15)  is  satisfied  for  the  near  edge  of  the  transducer 
{*1  >  D2I\),  then  the  criterion  of  the  far  edge  (x3  >DJ/A)  should  be  satisfied 
also. 

With  a  similar  argument,  if  Eq.  (3.16)  is  satisfied  by  then  the  criterion 

x3  >  D  is  satisfied  automatically.  However,  Eq.  (3.16)  assures  amplitude  uni¬ 
formity  only  in  a  lateral  direction.  Here  we  also  need  amplitude  uniformity  in  a 


CORRECTION 


Fig.  3.17.  Spherical-wave  correction  for  circular  piston.  Correction  to  be  added  to  meas¬ 
ured  response.  (From  reference  5.) 


Fig.  3.18.  Spherical-wave  correction  for  a  uniform  line.  Correction  to  be  added  to 
measured  response.  (Prom  reference  5.) 
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Fig.  3.19.  Approximation  of  plane  progressive  waves  (dashed  lines)  by  segments  of 
spherical  waves  over  a  volume  of  diameter  D. 


longitudinal  direction.  To  assure  a  minimum  variation  of  1  dB  between  the  near 
and  far  edge  of  the  transducer,  we  must  have 

x  >  1QD.  (3.17) 

The  MB  variation  docs  not  necessarily  correspond  to  a  MB  error.  The  high 
pressure  in  the  front  and  the  low  pressure  in  the  rear  usually  will  average  out  to 
the  pressure  in  the  middle,  and  tire  error  will  be  considerably  less  than  1  dB. 

Equation  (3.17)  is  a  more  cringent  requirement  than  x  >  Dl/X.  unless 
D  >  10X.  Since  very  few  transducers  have  dimensions  of  10  wavelengths  or 
more,  Eq.  (3.17)  becomes  the  key  criterion  in  designing  calibration  facilities,  it 
is  also  the  basis  for  the  conclusion  that  pattern  measurements  require  more  space 
tlian  response  measurements  do. 

If  one  Is  measuring  the  end>fire  response  of  a  uniform  line,  Eq.  (3.17)  would 
be  used  without  qualification.  In  many  practical  cases,  however,  a  lesser  distance 
x  can  be  used  for  one  of  three  reasons. 
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First,  in  many  pattern  measurements,  the  interest  is  focused  on  the  pattern 
near  the  acoustic  axis— say  in  the  60°  sector  centered  on  the  axis.  If  a  piston 
transducer  is  rotated  only  through  the  angle  from  -30°  to  +30°,  or  if  the 
accuracy  and  proximity  criteria  are  applied  only  within  this  angle,  then  the  dis¬ 
tance  to  the  near  and  far  edge,  or  to  xt  and  X3  in  Fig.  3.19,  differ  by  not  more 
than  DI2.  (See  Fig.  3.59.)  Then  the  criterion  would  be  half  that  in  Eq. 
(3.17). 

A  second  practical  case  pertains  specifically  to  the  common  circular  piston 
transducer.  Imagine  in  Fig.  3.19  that  the  circle  represents  a  circular  piston  at 
90°  or  270°  orientation.  The  piston  area  near  the  source  at  approximately  the 
distance  Xj  is  smaller  than  the  area  at  approximately  the  distance  x2 .  Similarly, 
the  area  at  distance  x3  is  less  than  at  x2.  The  piston  functions  as  a  tapered  or 
shaded  line-more  sensitive  at  the  center,  with  the  sensitivity  gradually  diminish¬ 
ing  toward  the  two  ends.  Consequently,  errors  in  pressure  magnitude  at  the  ends, 
or  at  the  near  and  far  edges  of  the  circular  piston  face  will  have  less  effect  than 
if  the  transducer  had  uniform  sensitivity  (as  would  be  true  with  a  uniform  line 
or  square  piston). 

For  these  first  two  reasons,  the  criterion  of  Eq.  (3.17)  can  be  modified 
to 


x  >  5Z>. 


(3.18) 


The  third  reason  pertains  to  transducers  that  are  thick  cylinders  and  others 
that  have  part  of  the  diaphragm  facing  in  the  180°  direction.  This  part  of  the 
diaphragm  is  in  an  acoustic  shadow.  Regardless  of  what  the  free-field  pressure 
is  in  the  shadow  zone,  the  applied  pressure  is  low,  and  contributes  little  to  the 
sensitivity.  Consequently,  the  effective  thickness  of  the  transducer  is  less 
than  the  real  thickness,  and  a  less  stringent  criterion  like  Eq.  (3.18)  is 
permitted. 

Equations  (3.17)  and  (3.18)  are  used  to  define  low  limits  in  Fig.  3.16  that 
apply  to  nonplanar  transducers  or  pattern  measurements. 

Having  established  ilia!  x  >  5 D,  it  makes  little  difference  which  of  x(,  x2,  or 
X)  in  Fig.  3.19  is  used  as  the  transducer  separation  distance.  However,  it  already 
lias  been  specified  that  the  c  "oustic  center  should  be  used.  Thus  x2  would  be  the 
normal  selection,  and  would  tend  to  minimize  errors  to  the  greatest  extent  by 
averaging. 

Proximity  criteria  for  the  case  in  which  both  transducers  are  of  some  finite 
size  have  been  determined  by  Sabin  for  (I)  two  circular  pistons  of  different  di¬ 
ameters,8  and  (2)  two  parallel  tines  of  the  same  length.*1  Figure  3.20  is  a  graph 
from  Sabin  showing  proximity  errors  for  the  two-piston  case.  The  curved  -* « 
corresponds  to  the  curve  in  Fig.  3.14b.  Figure  3.21  Is  a  plot  of  pressure  versus 
distance  for  the  two-lineease.  From  Fig.  3.31 ,  it  can  be  seen  that  the  criterion  for 
errors  of  1  dB  is  L*l\,  and  for  negligible  error,  2LJ/X. 
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Fig.  3,20.  The  proximity  error  for  two  circular  pistons;  A  is  the  wavelength  of  sound  in 
the  medium,  o(  is  the  radius  of  the  circular  piston  source, aj  is  the  radius  of  the  circular 
piston  receiver,  A  =  aj/aj.x  is  the  separation  distant^  between  piston  and  receiver, 6p  is 
the  proximity  error  in  decibels  to  be  added  to  the  measured  response.  (From  reference  8.) 


Fig,  3.21.  The  relative  average  (nature  acting  on  a  hydrophone  as  a  function  of  the 
proJcctoMo-hydrophone  distance  when  the  projector  and  hydrophone  are  two  parallel 
Unci  of  length  L  (Front  tefeiene**  9.) 
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Yamada10  has  investigated  the  case  of  two  rectangular  transducers  and  gives 
a  spherical  wave  approximation  criterion: 


*(l+72)l0W  +  0^)2] 
- -  ) 


(3.19) 


where  k  is  the  wave  number,  W  is  the  projector  width,/,  is  the  projector  length, 
and  7  is  the  ratio  of  hydrophone  width  to  projector  width.  It  is  assumed  that  the 
two  rectangles  have  the  same  shape.  For  the  case  of  a  square  projector  (W  =  L), 
and  a  point  hydrophone  (7  =  0),  Eq.  (3.19)  reduces  to 


>1 


vp_ 

x 


(3.20) 


or  about  half  of  the  criterion  in  Eq.  (3.1 5).  For  the  case  of  two  identical  squares 
(7  a  1),  Eq.  (3.19)  reduces  to 


x  > 


tr  Vfi 
3  X 


(3.21) 


Yamada’s  criteria  are  rather  liberal  as  illustrated  by  one  of  his  curves  in 
Fig.  3.22.  The  ratio  of  the  two  curves  for  x  given  by  Eq.  (3.19)  is  about  1 .4,  or 
the  error  is  3  dB,  and  corresponds  approximately  to  a  point  in  Fig.  3.20  for 
A  =  1  and  rra2/Xx  *  1.0.  It  would  be  necessary  to  use  about  twice  the  distance 
given  by  Eq.  (3.19)  to  keep  errors  less  than  1  dB,  in  which  case  Eqs.  (3.20)  and 
(3.1 5)  essentially  agree. 


X  t  CM) 


t-i|.  3.32.  Relative  avera|e  free-held  pressure  at  lire  position  of  a  square 
hydrophone  from  an  identical  square  projector  at  distance  x  cm  away. 
The  wave  number  is  1  cm-t.  The  side  of  the  square  is  j  cut.  (From 
reference  10.) 
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3.5  Basic  Measurements  and  Instrumentation 

The  basic  parameters  measured  in  a  typical  electroacoustic  measurement  are 
(1)  the  projector  input  current  /  or  voltage  e,  (2)  the  hydrophone  open-circuit 
output  voltage  eoc,  (3)  the  distance  separating  the  projector  and  hydrophone, 
and  (4)  the  frequency.  These  basic  measurements  can  be  made  with  instrumen¬ 
tation  shown  in  Fig.  3.23  and  an  ordinary  meter  stick.  In  practice,  however,  the 
instrumentation,  aside  from  the  meter  stick,  seldom  is  that  simple.  A  power 
amplifier  in  the  transmitting  system  usually  is  necessary  to  increase  the  projec¬ 
tor’s  acoustic  output  to  a  useable  level.  Similarly,  a  voltage  amplifier  may  be 
necessary  in  the  receiving  system.  Electrical  filters  are  used  in  the  receiving  sys¬ 
tem  to  obtain  maximum  signal*to-noise  ratios.  The  projector  current  i  is 
measured  as  the  voltage  et  across  a  series  impedance  so  that  all  the  electrical 
measurements  are  of  voltage.  Then  the  same  voltmeter  is  used  for  all  the  elec¬ 
trical  measurements,  and  errors  in  voltage  ratios  are  minimized.  It  can  be  seen 
from  Eqs.  (2.1),  (2.3),  (2.6),  and  (2.19)  that  most  calibration  formulas  contain 
voltage  ratios  or  voltage/current  quotients.  The  signal  generator  usually  is  a' wide- 
range  oscillator  or  a  frequency  synthesizer.  Where  an  oscillator  is  used,  a  fre¬ 
quency  standard  or  counter  may  be  needed  to  monitor  the  generator  signal,  de¬ 
pending  on  the  quality  (and  cost)  of  the  oscillator.  A  typical  calibration  system 
with  these  additional  features,  but  still  with  discrete  point-by-point  frequency 
changes,  is  shown  in  Fig.  3.24. 

Still  more  elaborate  systems  for  continuous  sweeping  through  the  frequency 
range,  analog  recording,  and  using  pulse  techniques  are  shown  in  Sections  3.7 
and  3.8. 
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Fig.  3.24.  Calibration  instrumentation  for  point-by-point  electroacoustic  measurements. 


The  signal  levels  in  calibration  measurements  usually  are  low.  The  range 
in  typical  basic  measurements,  based  on  hydrophone  sensitivities  of  -90 
to  -110  dB  re  1  V/jtbar  and  projector  responses  to  40  to  80  dB  re  1  pbar/A, 


pressure  level: 
hydrophone  voltage  level: 
projector  current  level: 
projector  voltage  level: 


40  to  7GdBre  1  pbar 
-70  to -40  dB  re  1  V 
-20  to  0  dB  re  1  A 
0  to  60  «iB  re  1  V 


Voltage  and  current  levels  for  impedance  measurements  with  electrical  bridges 
are  even  lower  than  these.  If  a  transducer  is  linear,  it  makes  no  difference  what 
the  signal  level  is,  so  long  as  it  is  large  enough  to  be  well  above  the  ambient 
acoustical  and  electrical  noise  levels  and  small  enough  to  avoid  overloading  the 
equipment. 

If  the  transducer  is  nontmeur,  or  if  the  transducer  is  exposed  to  signal  levels 
above  its  linear  range,  then  the  defined  meanings  of  sensitivity,  response,  im¬ 
pedance,  and  so  forth,  is  lost.  The  special  problems  of  high-signal  measurements 
is  discussed  in  Section  3.9. 

The  electrical  measurements  required  by  the  calibration  formulas  (liqs.  (2.1), 
(2.3), (2.6), (2.19), etc.)shoultl  be  made  at  not  less  than  two  separation  distances. 
With  the  roiling  carriage  arrangement  shown  in  Fig.  3.8,  this  distance  change  is 
easy  to  make  and  it  provides  a  check  or  cross-check  of  several  kinds.  The  two 
distances  are  chosen  so  that  the  distance  loss  of  the  signal  is  some  convenient 
number  of  decibels.  For  example,  if  the  distance  is  changed  from  30  to  40  cm, 
the  distance  toss  is  20  log  (4/3)  or  3.5  dB.  Similarly,  20  log  (S/4) *  2  dB,  and 
20  log  (2/1)  9  6  dO.  If  the  distance  loss  measurement  and  theory  agree,  then  all 
of  the  following  measurement  conditions  are  satisfied: 
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1.  There  is  no  proximity  error. 

2.  The  acoustic  centers  are  properly  chosen. 

3.  The  system  and  the  medium  are  stable. 

4.  The  receiving  system  is  linear. 

5.  The  transducers  are  properly  rigged. 

6.  There  is  no  boundary  interference  or  electrical  crosstalk. 

In  the  absence  of  the  correct  distance  loss,  one  or  more  of  these  conditions 
probably  are  not  satisfied.  The  distance  loss  test  might  fail  at  a  single  frequency 
because  two  errors  of  different  kinds  might  cancel  each  other.  The  probability  of 
error  cancellation  at  several  frequencies  or  over  a  frequency  range  is  negligible. 


3.6  Voltage  Coupling  Loss 

When  a  hydrophone  containing  a  preamplifier  or  o.her  kind  of  associated  net¬ 
work  is  calibrated,  a  choice  must  be  made  as  to  where  the  hydrophone  output 
terminal  points  are.  That  is,  where  are  the  terminals  across  which  the  open- 
circuit  voltage  is  to  be  measured?  If  the  terminal  points  are  selected  at  the  end 
of  the  cable,  then  the  preamplifier  and  the  cable  become  an  integral  part  of  the 
hydrophone  and  affect  the  hydrophone  sensitivity.  If  the  terminal  points  are 
selected  as  close  as  possible  to  the  generator  (the  electrodes  of  a  high-impedance 
piezoelectric  element,  for  example),  then  a  measurement  of  the  hydrophone 
voltage  coupling  loss  becomes  necessary. 

Hydrophone  voltage  coupling  loss  is  defined  as  the  ratio  of  the  open-circuit 
voltage  of  the  hydrophone  generator  (usually  a  piezoelectric  element)  to  the 
open-circuit  voltage  at  the  output  of  the  preamplifier  and  cable  or  other  type  of 
associated  network.  Note  that  with  this  definition  a  true  loss  is  a  number  greater 
than  one  or  is  a  positive  number  of  decibels. 

The  coupling  loss  and  its  measurement  is  straightforward  in  theory.  In  prac¬ 
tice,  however,  the  theoretically  assumed  conditions  and  the  measurement  are 
subject  to  several  types  of  subtle  errors  that  moke  the  measurement  difficult  and, 
in  some  circumstances,  impossible.  Although  we  are  concerned  primarily  with  a 
hydrophone  contains  a  preamplifier,  the  theory  and  practice  here  applies 
equally  well  to  any  passive  hydrophone  and  the  first  amplifier  in  the  voltage- 
measuring  system. 

The  coupling  loss  is  the  sum  of  two  effects.  One  is  the  gain  or  loss  of  the  pre¬ 
amplifier  itself.  The  other  is  the  voltage  loss  duo  to  the  fact  that  the  preamplifier 
does  not  have  an  infinite  input  impedance  and  consequently  the  voltage  across 
the  preamplifier  input  is  not  a  true  open-circuit  voltage.  Figure  3.25  is  a  sche¬ 
matic  diagram  of  a  hydrophone  with  a  preamplifier.  The  piezoelectric  generator 
is  represented  according  to  Thevenin's  Theorem  by  the  generator  open-circuit 
ei>c  in  series  with  the  generator  impedance  2*.  The  amplifier  input  impedance  is 
Zj .  The  amplifier  input  voltage  ea  will  always  bo  measurably  less  than  eMl  unless 
Za  »Zg.  Since  Zg  often  is  many  megohms,  the  assumption  Za  »  Zg  generally 
is  not  valid,  and  the  voltage  is  attenuated  before  it  is  applied  to  the  preamplifier. 
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Fig.  3.25.  Hydrophone  circuit  as  represented  by  a  Thevenin  generator  and  a  pre¬ 
amplifier.  Stray  impedances  are  shown  in  dashed  lines. 


The  coupling  loss  is,  by  definition,  the  ratio  eoc/e 0.  The  loss  is  measured  by 
inserting  a  calibration  signal  in  series  with  both  the  piezoelectric  generator  and 
the  preamplifier  input  in  the  manner  shown  in  Fig.  3.25.  The  calibration  resistor 
is  kept  small  (typically,  10  ohms)  so  that  it  does  not  measurably  attenuate  the 
voltage  eoc  and  so  that  the  calibration  input  voltage  et  is  essentially  an  open- 
circuit  voltage  across  the  resistor.  Then  et  can  simulate  eoc.  That  is,  the 
input/output  ratios  eoc/eo  and  erfe q  are  the  same.  The  voltage  is  measured 
across  a  second  external  10-ohm  resistor  as  e/.  This  procedure  is  valid,  if  the 
shunt  capacitance  of  the  cable  shown  by  the  dashed  symbols  in  Fig.  3.25  has  an 
impedance  much  larger  than  10  ohms.  Alternately,  the  voltage  e,"  in  Fig.  3.25 
can  be  used  if  the  series  Inductance  and  resistance  of  the  cable  can  be  neglected. 
If  the  cable  is  very  long,  say  more  than  about  100  feet,  neither  e/or  e/'is  the 
same  as  et,  and  the  measurement  becomes  impractical.  In  such  a  case,  end-of- 
cable  calibrations  are  used. 

Designers  and  users  sometimes  are  tempted  to  use  one  conductor  to  serve  as 
the  low-potential  or  ground  conductor  for  both  the  calibration  circuit  and  the 
preamplifier  output  circuit.  This  is  a  mistake,  since  the  two  circuits  then  arc 
coupled  by  the  common  small  but  finite  impedance  of  the  common  conductor. 
Signals  from  the  calibrator  circuit  are  induced  into  t!,e  preamplifier  output  cir¬ 
cuit,  bypassing  the  preamplifier. 

A  common  source  of  trouble  in  coupling  measurements  is  the  electrical 
grounding  conditions.  There  are  no  simple  rules  to  avoid  such  trouble  except 
that  the  user  should  be  alert  to  circuit  complications  due  to  stray  impedance  and 
multiple  ground  points.  Crystal  electrodes,  cable  shields,  and  the  trasrsducer 
housing  ail  have  measurable  capacitance  to  ground  or  to  the  water  medium.  A 
single  ground  or  zero  potential  point  is  difficult  to  achieve  in  practice.  Fresh 
water  is  a  much  poorer  conductor  than  salt  water,  and  the  electrical  grounding 
conditions  in  the  two  media  can  be  quite  different.  Figure  3.25  illustrates  various 
stray  impedances. 
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Near  resonance  frequencies  when  the  motional  impedance  of  the  piezoelectric 
generator  is  a  significant  part  of  Zg,  the  acoustic  load  on  the  generator  during  the 
coupling  loss  measurement  must  be  the  same  as  that  during  the  sensitivity 
measurement. 

Because  of  these  various  problems  in  the  measurement  of  hydrophone  voltage 
coupling  loss  and  the  advent  of  modern  stable  transistorized  preamplifiers,  the 
trend  has  been  toward  end-of-cable  calibrations  and  elimination  of  the  coupling 
loss  measurement.  Where  the  circuitry  is  still  available,  a  coupling  loss  measure¬ 
ment  can  be  used  as  a  stability  check  on  the  circuit,  but  it  is  not  otherwise  used 
in  a  calibration  measurement. 


3.7  Automatic  Systems 

Underwater  electroacoustic  calibration,  test,  and  evaluation  measurements  on 
one  transducer  usually  are  made  at  many  frequencies  or  over  wide  frequency 
ranges.  At  some  activities,  measurements  are  made  on  large  numbers  of  trans¬ 
ducers.  Consequently,  various  degrees  and  types  of  automation  aro  used  to 
reduce  the  time  and  tedium  of  many  point-by-point  frequency  measurements. 
Automatic  systems,  however  complicated  they  may  be,  still  are  only  elabora¬ 
tions  of  the  basic  instrumentation  shown  in  Figs.  3.23  and  3.24. 

Many  of  the  details  of  an  automatic  system  are  matters  of  individual  prefer¬ 
ence,  custom,  economy,  and  easy  availability  of  particular  instruments  or  equip¬ 
ments.  However,  the  general  features  of  various  systems  are  much  the  same,  and 
the  system  in  Fig.  3  .26  illustrates  these  features.  The  components  shown  as 
solid-line  blocks  constitute  the  basic  system  used  for  continuous-wave  (c-w) 
signals,  The  dashcd-linc  blocks  are  major  options.  Automation  of  the  basic  sys¬ 
tem  relates  to  three  primary  needs:  (1)  continuous  frequency  changes,  (2)  con¬ 
tinuous  recording  of  the  hydrophone  output  signal,  and  (3)  filtering  a  signal  with 
a  continually  changing  frequency. 

Consider  first  the  system  shown  in  solid  lines  in  Fig.  3.26.  The  signal  is 
generated  in  a  variable  oscillator,  lire  oscillator  frequency  range  usually  covers 
several  decades,  and  often  a  motor-drive  arrangement  automatically  sweeps 
through  the  entire  frequency  range.  The  frequency  calibration  of  wide-range 
oscillators  usually  is  not  precise;  consequently,  a  frequency  courtier  or  other  type 
of  frequency  meter  is  used  to  monitor  and  measure  the  output  of  the  oscillator. 

Tire  next  stage  is  a  voltage  amplifier  to  control  the  signal  level  of  the  oscillator 
and  provide  the  sufficient  and  proper  voltage  input  level  to  succeeding  stages. 

Tire  power  amplifier  provides  the  electrical,  and  ultimately  acoustical,  power 
needed  to  obtain  a  measurable  signal  level  at  the  hydrophone. 

Networks,  often  consisting  of  muititap  transformers,  are  used  to  match  the 
output  impedance  of  the  power  amplifier  to  tire  projector  to  obtain  maximum 
power  transfer.  Sometimes,  however,  projector  current  or  voltage  control  is 
more  import  ant  than  maximum  power.  Then,  deliberate  mismatching  can  be 
used,  Tire  entire  transmitting  system  Unit  feeds  the  projector,  for  example,  can 
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be  made  to  function  approximately  as  a  low-impedance  constant-voltage  gener; 
tor,  or  as  a  iiigh-impedance  constant-current  generator.  Other  types  of  network 
are  used  to  obtain,  for  example,  currents  or  voltages  that  change  with  frequenc> 
at  some  fixed  rate. 

Impedance  matching  or  mismatching  is  used  between  all  stages  of  the  system 
to  obtain  optimum  performance.  When  two  stages  are  not  properly  matched, 
intermediate  transformers  or  networks  may  be  used  to  achieve  or  improve 
matching.  Attenuators  are  used  to  minimize  impedance  variations  as  well  as  to 
attenuate  signal  levels.  Impedance  conditions  are  especially  important  at  the 
input  and  output  of  an  amplifier,  if  the  amplifier  gain  calibration  is  to  be  used. 

The  projector  input  current  or  voltage  must  be  measured  for  some  types  of 
calibrations,  and  should,  in  any  case,  be  monitored  to  insure  stability  of  the 
measurement  conditions.  Both  the  voltage  e  and  current  i  measurement  circuits 
are  designed  to  have  negligible  effect  on  the  amplifler-to-projector  circuit.  The  e 
•measurement  circuit  is,  typically,  a  high-impedance  circuit  connected  in  parallel 
with  the  projector;  the  i  measurement  circuit  is,  typically,  a  low-impedance  cir¬ 
cuit  in  series  with  the  projector.  In  either  case,  the  e  or  i  measure  signal  is  fed  to 
the  same  receiving  and  recording  system  as  the  hydrophone  output  voltage,  where 
it  is  subject  to  the  same  mix.ng,  filtering,  and  recording.  The  calibration  formulas 
in  Section  3.15  all  show  tl.  'it  it  is  the  ratio  (or  difference  in  decibels)  of,  for 
example,  the  hydrophone  voltage  measure  to  the  projector  current  measure  that 
is  needed.  Consequently,  if  both  the  e  or  i  measure  signal  and  the  hydrophone 
signal  are  amplified,  attenuated,  mixed,  filtered,  recorded,  and  so  forth,  in  the 
same  way,  the  ratio  is  unaffected.  The  e  or  i  measure  circuit  itself  must  be  cali¬ 
brated,  but  the  over-all  system  needs  no  calibration.  It  must,  of  course.be  linear 
and  stable,  and  for  these  reasons,  electrical  calibration-type  measurements  are 
used  to  test  the  system.  But  these  are  really  monitor  measurements  rather  than 
calibration  measurements. 

The  e  measure  is  straightforward;  a  typical  circuit  is  shown  in  Fig.  3.27a.  The 
i  measure  is  more  difficult.  Being  in  series  with  the  projector,  it  must  carry  tho 
same  current,  which  in  some  cases  may  be  quite  high.  Electrical  grounding 
conditions  become  complicated  if  the  projector  is  electrically  unbalanced. 
Figure  3.27b  shows  an  old  but  typical  arrangement  using  a  small  series  resistor. 
Figure  3,27c  shows  a  better  circuit  wherein  one  conductor  of  the  projector 
cable  is  used  as  a  single-turn  primary  winding  of  a  transformer.  The  secondary 
winding  is  a  toroid  coil  that  surrounds  the  conductor.  Tliis  circuit  is  similur  to 
commercial  “clamp-on"  ammeters. 

The  e  and  i  measure  circuit  calibration  is  essentially  a  determination  of  eg/e 
and  Bj/i  in  Fig.  3.27.  If  a  standard  resistance  R  is  substituted  for  the  projector, 
the  quantity  eji  becomes  ejR/e,  and  the  current  calibration  becomes  a  measure¬ 
ment  of  two  voltages  by  the  same  voltage-measuring  system 

In  hydrophone  calibration  measurements,  the  hydrophone  output  voltago  must 
be  measured  across  an  effectively  open  circuit.  Consequently,  tho  first  stage  in  the 
receiving  system  is  a  high-input-impedaneo  amplifier  such  as  a  cathode-follower. 
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LARGE  RESISTOR  &  VOLTAGE  DIVIDER 


Fig.  3.27.  Typical  circuits  for  measuring  (a)  the  projector  voltage  and,  (b)  and  (c), 
current. 


The  function  of  this  first  amplifier  is  really  impedance  matching  rather 
tium  amplification;  consequently,  it  is  followed  by  a  calibrated  voltage  amplifier. 

The  next  two  stages  are  a  heterodyne  miner  and  a  band-pass  filter  that  together 
constitute  a  tracking  filter.  Tbs  heterodyne  mixer  changes  the  variable  frequency  to 
a  fixed  frequency  /0.  The  pass  band  of  the  filter  then  is  fixed  and  centered  on/0. 

Tiie  heterodyne  principle  consists  essentially  of  mixing  two  frequencies  so 
that  sum  and  difference  frequencies  are  produced,  filtering  out  either  the  sum  or 
difference  frequency,  and  using  the  other.  The  combination  of  the  variable 
oscillator  in  the  transmitting  system  and  heterodyne  mixer  in  the  receiving  sys¬ 
tem  actually  is  a  combination  of  two  oscillators  and  two  mixers  in  either  of  two 
arrangements  shown  in  Fig.  .1.28.  The  beat-frequency  oscillator  in  Fig.  3.28a 
has  the  advantage  of  a  wider  frequency  range,  but  is  more  expensive  and  less 
readily  available  than  tire  simple  oscillator  in  Fig.  3.28b. 
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BEAT-FREQUENCY  OSCILLATOR 


to) 


KETEROOYNt  MIXFR 


Fig.  3.28,  Two  variations  of  the  heterodyning  principle  to  change  a  variable  signal  frequency 
(0  to/max)  to  a  fixed  frequency  O'ol- 


The  band-pass  filter  rejects  extraneous  signal  frequencies  and  improves  the 
signal-to-noisc  ratio.  It  may  be  adjustable,  having,  for  example,  bandwidths  of 
20,  200,  and  2000  Hz. 

The  recorders  are  logarithmic  so  that  the  signal  amplitude  is  recorded  in 
decibels.  The  data  for  frequency  sensitivity  or  response  is  recorded  on  an  x-y, 
strip,  or  linear  recorder.  Directivity  pattern  data  are  recorded  in  polar  or  linear 
form.  The  polar  recorder  turntable  is  connected  to  and  synchronized  with  the 
mechanical  rotator  that  rotates  the  transducer  by  a  servo  system. 

It  is  convenient  in  many  measurements  to  have  the  projector  input  current  or 
voltage  constant  to  an  extent  unattainable  by  passive  impedance-matching  tech¬ 
niques.  In  such  cases,  normalizing  circuits  are  used  as  shown  by  the  dashed-ltne 
box  in  Fig.  3.26.  Tills  is  a  circuit  that  feed*  back  a  correction  signal  to  one  of  the 
amplifier  stages. 

Many  automatic  systems  operate  with  pulsed  signals  rather  than  the 
continuous-wave  signals.  The  technique  is  discussed  in  detail  in  Section  3.8. 
The  pulsing  equipment  consists  of  the  three  components  shown  in  the  dashed- 
line  boxes  in  Fig.  3.26.  The  pulse  generator  feeds  the  pulses  to  both  the  transmit 
and  receive  gate  circuits.  The  gate  circuits  essentially  open  and  close  the  path  or 
gate  through  which  the  oscillator  signals  must  pass.  The  (wise  generator  also 
provides  a  means  for  delaying  the  signal  fed  to  the  receive  gate  to  compensate  for 
tlw  time  it  takes  a  pulse  to  travel  the  water  path  at  its  relatively  slow  speed.  The 
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delay  adjustment  also  permits  passage  or  gating  of  selected  portions  of  a  pulse 
passing  through  the  receive  system.  When  not  being  used,  the  pulsing  compo¬ 
nents  of  the  system  are  bypassed. 

The  calibration  data  from  a  system  as  shown  in  Fig.  3.26  consists  of  two  to 
four  lines  on  a  strip  chart.  Each  line  represents  some  voltage  or  current  as  a  func¬ 
tion  of  frequency.  In  addition  to  the  measured  data,  constants  or  such  quasi¬ 
constants  as  the  reciprocity  parameter,  standard  hydrophone  calibration,  test 
distance  correction,  and  so  forth  must  be  added  to  obtain  a  hydrophone  sensi¬ 
tivity  or  projector  response  (see  Section  3.15).  The  data  reduction  may  in  fact 
be  more  time-consuming  than  the  measurements.  Various  techniques  have  been 
used  to  expedite  data  reduction.  If  the  projector  current  or  voltage  can  be  kept 
constant,  the  current  or  voltage  can  be  treated  as  a  constant  instead  of  a  measure¬ 
ment  variable.  Constants  can  be  added  to  or  subtracted  from  the  signal  voltages 
automatically  by  inserting  special  circuits  into  the  receiving  system.  Curve¬ 
following  techniques  or  voltage  addition  or  difference  circuits  can  be  used  to 
simplify  the  data  reduction.  When  only  one  projector  and  one  hydrophone  are 
involved  in  a  measurement,  a  completely  automatic  system  is  possible-one  that 
produces  calibration  data  instantaneously  or  in  real  time.  All  the  necessary  volt¬ 
ages  and  currents  can  be  measured  sequentially  at  a  signal  frequency  and  the 
data  reduced  quickly  by  digital  computer  techniques.  This  process  is  repeated  at 
each  frequency.  Because  of  the  high  speed  of  digital  computers,  the  frequency 
sweep  rate  need  not  be  slower  than  for  other  methods.  When  a  third  transducer 
is  necessary,  real  time  computation  is  not  very  feasible  because  two  or  more 
acoustic  signals  are  present  and  will  interfere  with  each  other.  Also,  the  concept 
of  direct  substitution  in  comparison  calibrations  must  be  compromised.  How¬ 
ever,  very  rapid  data  reduction  can  be  obtained  by  storing  calibration  data,  not 
on  a  strip  chart,  but  in  the  memory  of  a  digital  computer.  This  can  provide  a 
complete  calibration  in  a  few  minutes.  Such  a  quasi-real-time  system  is  under 
development  at  the  Underwater  Sound  Reference  Division  of  the  Naval  Research 
Laboratory  at  this  writing. 

One  obstacle  to  complete  automation  of  calibration  systems  has  been  the  fact 
that  acoustic  or  electrical  interference  often  is  present  and  that  tiw  system,  the 
transducers,  or  the  medium  are  not  stable.  Variations  or  anomalies  be 
recognized  in  the  data  in  o  strip  chart,  and  corrected.  This  is  not.  true  whm  the 
data  are  stored  in  a  computer  memory.  Consequently,  errors  due  to  Interfetow'n 
or  instability  must  cither  be  eliminated  or  be  identified  through  some  supple¬ 
mentary  procedure  such  as  redundancy  of  calibrations. 

3.8  Pulsed  Sound 

Pulsed  sound  is  a  common  technique!1  used  since  World  War  II  for  eliminating 
the  effects  of  interference  originating  from  boundaries,  standing  waves,  ami  cite- 
tried  crosstalk.  The  projector  is  driven  with  a  pulse  or  short  burst  of  an  otherwise 
continuous  and  single-frequency  signal.  The  length  of  each  pulse  then  is  only  a 
email  number  of  cycles.  The  hydrophone  and  receiving  system  are  controlled  so 
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that  an  acoustic  signal  will  be  sensed  and  measured  only  during  the  short  period 
of  time  when  the  direct  projector-to-hydrophone  signal  pulse  impinges  on  the 
hydrophone.  Pulses  arriving  prior  to  this  time  (like  ciosstalk  or  purely  electro¬ 
magnetic  signals)  and  pulses  arriving  after  this  time  (like  reflections  from 
boundaries)  are  rejected  by  the  receiving  system.  This  process  is  called  “gating.” 

Imagine,  for  example,  the  arrangement  in  Fig.  3.29.  If  the  hydrophone  out¬ 
put  were  connected  to  an  oscilloscope,  one  would  see  the  signal-versus-time 
picture  shown  in  Fig.  3.30.  The  sharp  clear  pulses,  with  rectangular  envelope, 
shown  in  Fig.  3.30  seldom  are  obtained  in  practice.  The  pulse  shape  usually  is 
distorted  by  the  filter  characteristics  of  the  electronic  equipment  and  the  trans¬ 
ducers,  and  by  the  nonspecular  reflection  characteristics  of  the  various  reflecting 
boundaries. 


.29.  Typical  measurement  arrangement  where  electromagnetic  cross¬ 
talk  and  various  acoustic  reflections  can  interfere  with  the  direct  signal. 
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Fig-  3.30.  Oscillogram  showing  sequence  of  pulses  at  hydrophone  position  in  Fig.  3.29. 


The  pulse  length  or  duration  must  be  long  enough  for  a  steady-state  condition 
to  be  reached.  That  is,  it  takes  a  finite  period  of  time  for  the  pulse  to  reach  its 
steady-state  amplitude  or  the  amplitude  with  which  the  system  would  oscillate  if 
it  were  driven  continuously.  A  typical  pulse  is  shown  in  Fig.  3.31.  The  practical 
criterion  for  this  transient  period  is  that  it  consist  of  Q  cycles,  where  Q  has  the 
usual  meaning  of  the  ratio  of  the  reactive  to  the  resistive  impedance  in  the  whole 
system  being  pulsed.  Any  oscillating  electromechanical  system  has  a  certain 
amount  of  energy  stored  in  it  in  the  form  of  electrical  charge,  magnetic  fields, 
mechanical  inertia,  and  elastic  deformation;  the  reactive  impedance  is  a  measure 
of  this  stored  energy.  Starting  from  rest,  it  takes  approximately  Q  cycles  for  the 
generator  to  feed  the  reactive  or  stored  energy  into  the  system,  so  that  thereafter 
all  the  input  energy  flows  through  or  is  dissipated  within  the  system.  Theo¬ 
retically,  the  signal  rise  is  exponential  and  a  system  only  approaches  absolute 
steady-state  asymptotically;  however,  it  is  within  95.5%  of  steady-state  amplitude 
after  Q  cycles  and  within  99%  after  1 .5 Q  cycles.  (See  Fig,  3.57.)  The  former  is 
taken  as  a  convenient  and  sufficiently  accurate  criterion  of  equivalent  steady 
state. 

A  further  requirement  of  the  pulse  length  is  that  all  parts  of  a  large  hydro¬ 
phone  reach  steady  state  before  the  pulse  terminates.  Or,  for  the  case  of  a  large 
projector,  the  signal  at  the  hydrophone  position  from  all  parts  of  the  projector 
must  reach  steady  state.  In  a  typical  case  of  a  piston  projector,  a  point  hydro¬ 
phone,  and  a  response  measurement,  this  requirement  does  not  add  to  the  pulse 
length,  if  the  separation  distance  meets  Die  proximity  criterion  of  Eq.  (3.1 2).  For 
a  directivity  pattern  measurement  or  a  response  measurement  at  90°  or  270°, 
however,  the  diameter  of  the  piston  must  be  added  to  the  physical  length  cor¬ 
responding  to  Q  cycles  (see  Fig.  3.59). 

After  a  pulse  signal  is  shut  off,  the  system  will  continue  to  oscillate  or  ring  at 
its  natural  or  resonance  frequency.  This  ringing  will  decay  exponentially  at  the 
same  rate  as  lire  initial  signal  increased.  The  duration  of  tire  initial  transient  will 
be  the  same  as  that  of  the  decay  transient,  if  steady  state  is  reached  between 
transients,  and  if  the  Q  of  the  system  is  not  changed  by  the  gating  process. 

Tire  pulses  are  repeated  et  regular  intervals.  Hie  (tube  repetition  rate  must  be 
low  enough  so  tltat  all  reflections  or  reverberation  dissipate  between  pulses.  On 
tire  other  hand,  the  pulse  repetition  rate  must  be  high  enough  so  tltat  the  meter 
or  recorder  operates  without  jitter.  Tiie  time  constant  of  the  recording  system 
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usually  is  small  enough  to  hold  steady  at  pulse  repetition  rates  higher  than  10  pps. 
These  conflicting  requirements  on  tire  pulse  repetition  rate  give  rise  to  the 
combination  of  pulsed  sound  and  anechoic  tank  linings.  Without  some  kind  of 
acoustic  absorber  at  the  boundaries  to  accelerato  the  dissipation  of  acoustic 
energy,  very  low  pulse  repetition  rates  would  have  to  be  used  in  small  tanks. 

Pulses  are  formed  by  inserting  a  modulator  or  transmit  gate  circuit  into  the 
transmitting  system  as  shown  in  Fig.  3.26.  Similarly,  the  pulse  receiver  gato  cir¬ 
cuit  is  inserted  into  the  receiving  system  as  shown  in  the  same  figure.  The 
receive  gate  is  narrower,  or  of  shorter  time  duration  than  the  transmit  gate,  so 
that  only  the  steady-state  part  of  the  receive  pulse  is  detected  and  measured. 

Tire  pulsing  technique  has  no  high-frequoncy  limit.  Generally,  the  higher  the 
frequency,  the  easier  the  technique  becomes.  At  low  frequencies,  however,  there 
is  a  definite  limit.  The  minimum  number  of  cycles  in  one  pulse  depends  on  the 
sophistication  of  the  equipment  and  technique  used.  For  purposes  of  illustra¬ 
tion,  however,  suppose  that  one  cycle  is  a  typical  minimum.  Tire  pulse  length  at 
I  kHz  would  be  I  msec  or  1 .5  tn  long  in  water.  Then,  if  the  difference  between 
the  direct  projcctor-to-hydrophenc  path  and  a  boundary-reflection  path  were 
less  than  1.5  m,  the  two  pulses  would  overlap  and  interfere  with  each  other  at 
the  hydrophone  position.  It  is  evident  that  for  a  given  minimum  pulse  length 
and  a  given  geometry  of  transducer  separation  and  boundary  distances,  there  is  a 
tow-frequency  limit  to  the  pulsing  technique,  tn  typical  situations,  this  limit 
varies  from  500  to  5000  Hz. 
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Almost  all  of  the  problems  witli  a  pulsing  technique  arise  from  the  fact  that, 
when  examined  in  the  frequency  domain,  pulsed  signals  contain  a  spectrum  of 
frequencies  rather  than  the  single  fundamental  or  carrier  frequency,  and  that  the 
transducers  and  some  electronic  components  of  the  measuring  system  do  not  have 
uniform  frequency  characteristics  or  high  Fidelity.  The  spectral  content  of 
pulses  is  covered  in  detail  in  other  references1 2‘14  and  only  the  fundamentals  of 
the  spectrum  analysis  will  be  discussed  here.  The  pulse  spectrum  depends  on 
(1)  the  fundamental  carrier,  or  test  frequency,  (2)  the  pulse  shape,  (3)  the  pulse 
length,  (4)  the  pulse  repetition  rate,  and  (5)  the  initial  and  Final  phase  of  the  pulse. 

The  pulse  transmit  gate  circuit  shown  in  Fig.  3.26  modulates  the  amplitude  of 
the  fundamental  frequency  with  some  kind  of  modulation  signal.  When  the 
modulation  signal  is  a  rectangular  wave,  the  process  results  in  a  pulsed  signal  that 
appears  graphically  as  in  Fig.  3.32.  Mathematically,  the  modulation  results  in 
three  separate  signal  frequencies,  if  the  modulation  signal  is  a  sinusoid.  If  f0  is 
the  fundamental  frequency  and  ft  is  the  modulation  frequency,  the  modulated 
signal  consists  of  (1)  the  fundamental /0,  (2)  an  upper  sideband /0  +/, ,  and  (3)  a 
lower  sideband  /0  -  ft .  If  the  modulation  signal  itself  consists  of  a  spectrum 
fi  +  h  +  /3  + . . .,  then  the  modulated  signal  will  consist  of  a  whole  spectrum  of 
upper  sidebands  /o  +  f\ ,  /o  +  fi>  fo+h>  etc.,  and  a  whole  spectrum  of  lower 
sidebands /0  /0  -/2,  /0  “/a,  etc. 


Fig.  132.  Rectangular  pubes  obtained  by*  amplitude  modulating  a  continuous 
wave  with  a  rectangular  wave;  7  u  the  pulse  length  or  duration  and  T  is  the 
pulse  repetition  period. 
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Pulses  having  sawtooth,  triangular,  round,  cosine-squared,  and  other  shapes 
sometimes  are  used  in  various  applications.  In  ordinary  underwater  electro¬ 
acoustic  measurements,  a  modulation  signal  consisting  of  periodic  square  or 
rectangular  waves  as  shown  in  Fig.  3.32b  is  used.  Fourier’s  Theorem  says  that 
any  periodic  function  is  equivalent  to  the  sum  of  simple  harmonic  functions 
whose  frequencies  are  integral  multiples  of  the  repetition  rate  of  the  given  func¬ 
tion.  That  is,  if  T  is  the  period  of  the  function  and  t  is  time, 

f(t)  -  -A0  '+  A  i  cos  cur  +  A 2  cos  2co t  +  A3  cos  3our  +  •  •  • 

B\  sin  to r  +  Bi  sin  2c or  +  B$  sin  3c or  +  •  •  •  (3.22) 


where  co  =  2 n/T  and  the  An  and  B„  are  constants  including,  in  many  cases,  zero. 
Physically,  this  means  that  a  rectangular  wave  has  a  spectrum  of  harmonically 
related  sinusoidal  waves.  This  spectrum  constitutes  the  sideband  frequencies  in  a 
rectangular  pulse  signal. 

The  modulated  signal  shown  in  Fig.  3.32c  is  typical  of  the  electrical  signal  at 
the  output  of  the  transmit  gate  circuit  of  Fig.  3.26  before  it  is  distorted  by  the 
Q  or  narrow-bandwidth  characteristics  of  the  transducer.  The  spectrum  of  such  a 
signal  will  be  that  in  Fig.  3.33.  The  envelope  of  amplitude  of  the  spectral  lines  is 
set  by  the  pulse  length  r  (in  addition  to  the  pulse  shape).  A  long  pulse  or  large  r 
results  in  a  narrow  spectrum  centered  on  /0.  An  infinite  r  would  be  equivalent 
to  continuous  waves,  and,  in  the  limit,  the  envelope  curve  would  collapse  to  a 
single  line  at  /0.  Similarly,  the  condition  raT  would  be  a  continuous  wave  be¬ 
cause  all  the  sideband  spectral  lines  would  fall  at  the  zero-crossing  points  or  all 
the  A„  and  B„  in  Eq.  (3.22)  except  A  t  and  ,  would  be  zero;  only  f0  would 
remain.  Short  pulses  or  small  r  result  in  a  spreading  out  of  the  spectrum.  Low 
repetition  rates  or  large  values  of  T  produce  many  closely  spaced  spectral  lines. 
The  spectrum  between  /0  -  1/r  and  /o  +  1  It  is  culled  the  essential  bandwidth 
(EBW).  A  rectangular  pulse  passed  through  a  bandpass  filter  will  be  distorted  to 
only  a  small  extent,  if  tiic  filter  bandwidth  is  2/r .  Pulse  lengths  of  0. 1 , 1 ,  and  10 
msec  result  in  EBW’s  of  20,000,  2000,  and  200  Hz,  respectively.  Narrowband 
filters  and  jhort  pulse  lengths  clearly  are  incompatible. 

The  spectrum  shown  in  Fig.  3.33  is  symmetrical  about  the  carrier  frequency 
/o  This  is  only  an  approximation.  The  low-sideband  part  of  the  spectrum  ex¬ 
tendi  beyond  zero  frequency,  That  is  /0  -  fH  eventually  becomes  u  negative 
number  as  n  and  fH  become  large.  One  can  visualize  the  negative  frequency  part 
of  the  spectrum  as  being  fotded  back  on  to  and  added  to  the  positive  frequencies, 
thereby  causing  asymmetry.  This  asymmetry  is  accentuated  when  fire  pulse  con¬ 
tains  an  integral  number  of  cycles.  Uteri,  if  the  pulse  starts  and  ends  at  instantan¬ 
eous  zero,  the  amplitudes  of  the  low-sideband  frequencies  are  higher  than  the 
amplitudes  of  the  corresponding  high-sideband  frequencies.  If  the  pulse  starts 
and  ends  at  an  instantaneous  peak  value,  tire  reverse  is  true. 
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Fig.  3.33.  Spectrum  of  a  pulsed  signal.  The  carrier  frequency  is  f0.  The 
modulation  envelope  or  pulse  shape  is  rectangula-.  The  pulse  length  is 
r  seconds.  The  pulse  repetition  period  is  T,  or  pulse  repetition  rate  is  1/7* 
pulses  per  second. 

Pulses  are  coherent  if  they  all  begin  at  the  same  phase  angle-all  at  a  time  of 
instantaneous  zero  and  increasing  voltage  amplitude,  for  example.  Such  pulses 
provide  minimum  trouble  with  transient  signals  and  maximum  stability  of  the 
signal  phase.  It  is  possible  to  use  only  a  fraction  of  a  cycle  per  pulse  with  pulses 
that  are  coherent  and  that  begin  at  zero-crossing  points. 

Electroacoustic  transducers  and  acoustic  materials  as  absorbers  often  are 
resonant,  and  almost  always  have  characteristics  that  are  a  function  of  frequency. 
Consequently,  when  they  are  part  of  an  electroacoustic  system  they  will  affect 
the  spectrum  of  a  pulsed  signal.  At  a  transducer  resonance,  the  Q  of  the  trans¬ 
ducer  will  introduce  transients  of  the  typo  shown  in  Fig.  3.31.  At  off-resonance 
frequencies,  other  effects  distort  the  pulse  spectrum  and  shape.  For  example, 
the  transmitting  current  response  of  a  projector  below  the  projector  resonance 
frequency  is  increasing  at  the  rate  6  dB  per  octave  or  more  (sec  Fig.  5.2).  This 
slopo  will  distort  the  pulse,  That  is,  the  acoustic  pressure  pulse  out  of  the  pro¬ 
jector  will  differ  from  the  current  pulse  into  the  projector  as  shown  in  Fig.  3.34. 
The  amplitude  of  high-sideband  frequencies  will  be  increased;  and  the  amplitude 
of  the  low  sideband  frequencies  will  bo  decreased.  Most  important,  the  frequency 
of  maximum  amplitude  will  be  shifted  upward.  Since  most  systems  measure  the 
pulse  peak,  the  measurement  will  be  in  error.  The  peak  amplitude  of  the  pulse 
will  be  a  measure  of  the  transmitting  current  response  at  the  upper  sideband  fre¬ 
quency  with  the  maximum  amplitude  rather  than  at  the  fundamental  frequency. 

A  similar  type  of  error  is  present  when  the  insertion  loss  or  echo  reduction  of 
some  acoustic  materials  is  measured  ne?r  a  resonance  frequency.  Figure  3.35a 
shows  a  reflection  coefficient  characteristic  of  a  resonant  anechoic  costing.  The 
characteristic  is  similar  to  that  of  a  note!)  filter.  The  reflected  pulse  is  distorted 
as  shown  in  Fig.  V35b.  Again  the  peak  reflected  signal  is  a  measure  of  the  side¬ 
band  rather  than  the  fundamental  frequency  characteristics. 
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Errors  caused  by  the  spectrum  peak  frequency  being  shifted  away  from  the 
fundamental  can  be  minimized  by  using  very  narrow  receive  pulse  gates  and 
centering  the  receive  gate  in  the  middie  or  steady -state  part  of  the  transmitted 
pulse  as  shown  in  the  two  pulses  at  the  input  and  output  of  the  receive  gate  ii 
Fig.  3.36.  The  sum  of  the  sideband  frequencies  constitutes  a  signal  that  include 
the  transient  part  of  the  pulse-that  is,  the  part  at  the  beginning  and  end  where 
the  pulse  is  forming  or  decaying.  Figure  3.37  shows  how  the  sum  of  the  steady- 
state  or  fundamental  frequency  /0  and  the  sideband  frequencies  results  in 
periodic  pulses.  Gating  in  on  the  middle  of  a  pulse  thus  discriminates  against 
sideband  frequencies  and  will  correct  a  peak-frequency  shift. 

Typical  pulses  at  5  points  in  the  measuring  system  are  shown  in  Fig.  3.36. 

It  would  seem  from  Figs.  3.33  and  3.37  that  errors  due  to  the' high  amplitudes 
of  sideband  frequencies  could  be  eliminated  by  filtering.  That  is,  after  inter¬ 
fering  pulses  have  been  rejected  by  the  receive  gate,  the  pulse  could  be  passed 
through  a  filter  centered  on  /0  and  with  a  bandwidth  narrow  enough  to  reject  or 
at  least  attenuate  the  sideband  frequencies.  Theoretically,  from  Fig.  3.37, 
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3.36.  Typical  signal  forms  at  five  differ  cm  point*  in  tlw  measuring  system. 
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Fig.  3.37.  Illustration  of  how  a  steady-state  or  continuous-wave  signal  (a) 
of  frequency  /0  adds  to  a  signal  (b)  constituting  the  sum  of  all  the  sideband 
frequencies  to  form  (c),  a  pulse  train  (a)  ♦  (b)  =  (c). 


(c)  -  (b)  *  (a),  or  one  could  convert  from  pulsed  sound  back  to  a  c*w  signal! 
Unfortunately,  this  is  only  theory.  Narrow  bandpass  filters  have  high  j)’s  and 
otherwise  act  the  same  as  highly  resonant  transducers.  Some  types  of  filters 
indeed  are  resonant  transducers.  When  the  Q  is  large,  the  transient  period  illus¬ 
trated  in  Fig.  3.3 1  is  much  longer  than  either  r  or  T .  In  such  cases,  the  filter  will 
not  pass  a  steady-state  signal  at  the  frequency  /q  and  of  the  same  amplitude  as  in 
the  input  pulse.  Figure  3.38  illustrates  what  happens  in  the  filter.  The  signal 
amplitude  rises  to  only  a  small  fraction  of  steady  state  during  a  time  r  and  then 
the  pulse  cuts  off.  The  amplitude  slowly  decays.  After  T  seconds,  the  second 
pulse  increases  the  amplitude,  but  again  only  by  a  small  amount  before  the  pulse 
again  cuts  off.  The  amplitude  again  decays  at  a  slightly  faster  rate  than  after  the 
first  pulse.  Tliis  process  is  repeated  until  the  signal  increase  during  r  equals  the 
signal  decay  during  7*  -  r.  A  quasi-steady-state  condition  is  reached  where  tlie 
amplitude  is  only  a  small  fraction  of  the  true  steady  state. 

The  ratio  r/T  expressed  as  a  percentage  is  called  the  duty  cycle,  and  is  a 
measure  of  the  percentage  of  time  that  the  transducer  is  vibrating.  When  trans¬ 
ducers  are  driven  at  high  power  levels,  the  duty  cycle  becomes  important  because 
the  power  limitations  of  a  transducer  ate  set  by  tlte  average  power  over  a  period 
of  time  large  in  comparison  with  a  pulse  length.  For  example,  a  transducer  that  is 
limited  to  1  kW  with  a  e-w  signal  may,  unless  otherwise  limited,  transmit  at  a 
10-kW  pulse  level  with  a  10%  duty  cycle. 

3.9  High  Signal  Measurement* 

Some  projectors  are  used  regularly  at  signal  levels  beyond  their  linear  range. 
This  remits  in  distorted  output  waves  that  contain  harmonic  frequencies  and  are 
tnatliematieally  described  in  Uq,  (3.22).  The  lianuouic  distortion  is  accepted  as 
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Fig.  3.38.  Amplitude  buildup  of  repetitive  pulses  to  *  quusi -steady-state  ip  a  circuit  of  Q  = 
343.  Pulse  duration  r  =  1  msec.  Pulse  tepctition  period  7"“  i/60  sec. 


being  secondary  in  importance  to  liigh  signal  output.  Such  transducers  must  be 
evaluated  at  the  particular  signal  levels  that  will  be  used  In  practice.  Linearity  of 
the  transducer  is  assumed  in  conventional  and  standard  definitions  of  response, 
sensitivity,  impedance,  and  so  forth.  For  measurements  beyond  the  linear  range, 
these  conventional  terms  are  not  strictly  correct,  although  they  are  used.  If  they 
are  used,  they  should  always  be  qualified  by  specifying  the  voltage  or  current 
level  at  which  the  measurement  is  made.  The  measurement  will  pertain  only  to 
the  fundamental  frequency,  but  some  measure  of  Use  wave  distortion  or  har¬ 
monic  content  should  be  specified  also. 

High-level  continuous-wave  signals  can  be  attenuated,  the  harmonic  fee 
quartern  can  be  filtered  out,  and  thereafter  the  signals  can  be  measured  with 
various  conventional  methods  and  instruments.  However,  high-power  nonlinear 
transducers  almost  always  are  pulsed  at  a  low  duty  cycle.  As  explained  in 
Section  3.3,  pulsing  arid  narrow  bandpass  filtering  arc  incompatible.  One  then 
has  the  problem  of  measuring  the  amplitude  ->f  distorted  waveforms  without 
bandpass  fdters.  Further,  when  the  impedance  or  inpnt  power  is  desired,  the 
phase  angle  between  the  current  and  voltage  at  the  fundamental  frequency  must 
be  measured.  For  impedance  or  {rower  uwasurements,  all  of  the  usual  measuring 
devices  such  as  bridges,  phase  meters,  vector  locus  indicators,  power  meters, 
/.-angle  meters,  and  so  forth,  suffer  front  a  deficiency  in  one  or  mote  of  the  fol¬ 
lowing  characteristics;  power -handling  capability,  frequency  range,  impedance 
range,  harmonic  rejection,  and  ability  to  operate  under  pulsed  conditions. 
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One  technique  that  has  been  used  successfully  is  illustrated  by  the  simplified 
diagram  in  Fig.  3.39. 15  The  transducer  voltage  or  current  pulse  is  sampled  by  a 
step-down  current  transformer  consisting  of  a  toroid  coil  surrounding  a  single 
conductor.  Simultaneously,  the  signal  in  a  continuous-wave  reference  circuit  is 
sampled.  The  two  signals  are  added  and  displayed  on  a  cathode-ray  oscilloscope. 
The  reference  signal  contains  only  the  fundamental  frequency.  The  amplitude 
and  phase  of  the  reference  signal  is  adjusted  until  a  null  condition  in  the  steady- 
state  part  of  the  pulse  is  observed  on  the  oscilloscope.  As  shown  in  Fig.  3.37 
the  sideband  frequencies  add  up  to  zero,  or  are  effectively  absent  in  the  steady- 
state  part  of  the  pulse.  Then  the  reference  signal  is  equal  in  amplitude  and 
opposite  in  phase  to  the  fundamental  frequency  component  of  the  transducer 
signal  pulse.  The  null  condition  as  it  would  be  observed  on  the  oscilloscope  is 
illustrated  in  Fig.  3.40.  There  will  be  a  signal  residue  in  the  null  because  of  the  har¬ 
monic  distortion  frequencies  in  the  signal.  If  the  harmonic  distortion  is  small,  the 
residue  is  small  and  does  not  introduce  measurable  error  in  the  nulling  technique.  If 
the  residue  is  large,  a  low-pass  filter  is  used  to  attenuate  the  harmonic  frequencies. 


Fig.  3.39.  Nulling  circuit  for  measurement  of  voltage,  current,  and  pliase  when  a 
transducer  is  driven  with  high-power  pulsed  sound, 


ADDITION  OF  REFERENCE  ANO 


Fig.  3.40.  Typical  CRO  display  when  the  pulse  and  reference  signals  have  been  balanced 
to  a  null. 
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The  three  transformers  should  be  identical  to  minimize  errors.  In  practice, 
the  current  and  reference  signal  transformers  can  be  one  and  the  same. 

The  reference  circuit  is  a  low-signal  continuous-wave  circuit.  The  reference 
voltage  and  current  are  readily  obtained  by  conventional  calibration  methods. 
Phase  difference  between  the  reference  current  and  voltage  is  controlled  and 
measured  by  the  phase  shifter. 

3.10  Interference  Identification 

Signal  interference  is  of  four  general  types.  First,  there  is  acoustical  and  elec¬ 
trical  noise  from  nearby  equipment,  traffic,  weather  conditions,  and  so  forth. 
Such  interference  is  readily  recognizable  by  its  irregular  nature. 

Second,  there  is  interference  from  other  regular  signal  sources  such  as  the 
60-Hz  power  line  frequency  and  its  harmonics.  Local  radio  stations  may  inter¬ 
fere  if  one  is  working  in  the  500  to  1500  kHz  frequency  range.  Different  acous¬ 
tical  experiments  in  the  same  or  nearby  bodies  of  water  may  interfere  with  each 
other.  Such  interference  is  identified  by  the  purity  and  perhaps  stability  of  the 
interfering  signal  frequency. 

Third,  there  is  interference  from  reflections,  crosstalk,  and  standing  waves, 
which  collectively  will  be  referred  to  as  wave  interference.  The  reflection  and 
standing-wave  interference  is  similar  to  such -optical  phenomena  as  diffraction, 
interference  fringes,  and  the  Lloyd’s  mirror  effect.  Crosstalk  is  an  electrical  or 
electromagnetic  signal  that  unintentionally  is  transmitted  directly  from  the 
transmitting  equipment  to  the  receiving  equipment,  bypassing  the  acoustic  path. 
A  wave  interference  signal  travels  a  path  different  from  that  of  the  direct  signal 
being  measured,  and  for  this  and  other  reasons  will  differ  in  amplitude  and  phase, 
but  it  always  has  the  same  frequency  as  the  direct  signal.  Thu  interference  is 
identified  by  a  regular  periodic  amplitude  change  as  a  function  of  frequency,  as 
illustrated  in  Fig.  3.41 .  The  frequency  interval  A/  can  be  used  to  provide  a  due 
as  to  the  type  and  source  of  wave  interference. 

if  two  waves  from  the  same  source  travel  paths  that  differ  by  the  distance 
Air,  their  phase  difference  at  the  end  of  the  paths  will  be  kbx  or  2w/Ax/e,  where 
K  /,  and  c  have  the  usual  definitions  of  wave  number,  frequency,  and  speed.  If 
Av  is  some  number  of  whole  wavelengths,  the  waves  interfere  constructively  or 
add.  If  A.v  is  some  odd  number  of  half-wavelengths,  the  waves  will  interfere 
destructively  or  subtract.  As  the  frequency  ami  wavelength  changes,  the  waves 
alternately  add  and  subtract,  resulting  in  the  oscillating  amplitude  in  Fig.  3.41, 
The  frequency  interval  A /  corresponds  to  a  change  of  2ir  radians  in  2it/hx/c,  or 


2rrA/A.c 
”*  c 


*  2w, 


or 


JL 

AT 


Aa  a 


(3.24) 
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Fig.  3.41.  Measured  hydrophone  output  voltage  versus  frequency,  Illustrating  a  typical 
oscillating  interference  pattern  resulting  from  a  surface  reflection.  Solid  line  is  measured 
sum  of  direct  and  reflected  signals.  Dashed  lino  is  computed  direct  signal. 


m 


After  Ax  is  found  from  the  measurement  of  A/ and  Eq.  (3.24),  it  can  be  related 
to  various  measurement  dimensions  like  the  depth  ami  transducer  separation.  The 
source  of  the  interference  is  identified  thereby,  and  steps  can  be  taken  to 
eliminate  it.  With  crosstalk,  the  nonacoustic  interference  path  is  essentially  zero 
and  Ax  is  merely  the  projector-to-hydrophone  distance  d.  With  standing  waves 
between  the  projector  and  hydrophone,  Ax  3  2d.  For  boundary  reflection  inter* 
ference,  Ax  depends  on  the  geometry  of  the  boundary  and  transducer  arrange* 
ment.  For  a  surface  reflection  as  shown  in  Fig.  3.42, 


Ax  3  2|AJ+(Wjtt  -  d. 


(3.25) 


The  curves  in  Fig,  3.43  are  plots  of  Eq.  (3,25),  of  x  3  d,  and  of  x  “  2 d\  they  are 
useful  graphical  aids  for  identifying  the  three  common  types  of  wave  interference. 

If  the  ordinate  scute  in  Fig.  3,41  were  linear  rather  than  togaritiunic  or  in 
decibels,  the  oscillating  amplitude  pattern  would  he  approximately  sinusoidal. 
The  direct  signal  then  is  the  average  of  the  maximum  and  minimum  amplitudes. 
The  dashed  line  In  Fig,  3.41  then  Is  found  by  taking  the  arithmetic  average.  The 
technique  and  graphical  aids  and  charts  for  doing  this  are  given  hr  Section  6.3.2 
und  Figs,  6.3,  6.4,  and  where  interference  techniques  are  described  for 
measuring  echo  reduction. 
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SURFACE 


Fig.  3.42.  Diagram  for  calculating  path  difference  Ax  for  the  case  of  a  surface 
reflection. 


The  interference  in  Fig.  3.41  is  seen  to  decrease  with  frequency.  This  is 
typical  of  surface  reflections  where  the  transducers  become  more  directional  as 
the  frequency  increases.  Standing  waves  between  two  plane  transducers  require 
that  the  transducers  be  large  enough  In  wavelengths  to  be  good  reflectors,  and 
that  they  be  aligned  with  their  diaphragms  parallel  within  a  dimensional  error 
small  in  comparison  with  a  wavelength.  Consequently,  standing  waves  occur 
usually  only  at  intermediate  frequencies  in  the  high  audio  and  low  ultrasonic 
frequency  range,  A  crosstalk  signal  generally  is  independent  of  the  acoustic 
signal  amplitude;  therefore,  if  crosstalk  is  present,  it  will  be  more  evident 
when  the  acoustic  sign*!  is  low.  For  example,  if  a  resonant  transducer  is 
cing  measured,  crosstalk  may  be  evident  above  and  below  resonance  but 
not  at  resonance  when  the  acoustic  signal  is  high  and  the  ratio  of  cross¬ 
talk  amplitude  to  asoustic  amplitude  is  low.  These  characteristics  of  in¬ 
terference  aid  in  making  educated  guesses  as  to  what  kind  of  interference  is 
present. 

In  shallow  takes  where  both  the  surface  and  bottom  are  reflecting  boundaries, 
interference  becomes  particularly  troublesome  and  usually  is  the  limiting  factor 
in  setting  the  useful  low-frequency  limit  of  the  facility.  Figure  3.44  illustrates 
the  kind  of  data  obtained.  The  interfering  signal  is  acutally  the  sum  of  many 
multipie  reflections  between  the  surface  and  bottom.3  There  is  still  a  discern¬ 
ible  A /  frequency  interval,  but  il  is  a  targe  fraction  of  the  frequency.  In 
Pig.  3.44,  A/  is  200  lit.  The  amplitude  of  the  interference  is  not  a  smooth 
sinusoid  but  a  sequence  of  sawtooth  arid  sharply  peaked  waveforms.  Obvi¬ 
ously;  it  is  difficult  to  apply  the  teumique  of  Pig,  6J  to  ascertain  the  direct 
signal  in  Pig.  3.44. 
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Fig.  3.43.  Intwfeience  IdentUlcution  chart.  CrouUlk:  A/«  eft!  Ij  the  frequency 
Interval  In  He,  c  ii  the  speed  of  sound  in  water  (1.5  x  10s  cm/tec),  and  d  U  the 
separation  of  the  transducers  in  cm.  Standing  waves:  A/»  c/2d.  Surface  rcflec- 
tiorn:  A/b  c/|2(hJ  +  Wd1)^  -  d)  and  k  is  the  depth  in  cm. 


Tlte  fourth  type  of  interference  is  unique  to  underwater  acoustics  -resonant 
gas  bubbles.  Gas  bubbles  as  used  Here  means  not  only  a  spherical  bubble  drifting 
freely  in  the  water  or  clinging  to  a  surface,  but  also  tiny  amounts  of  gas  trapped 
in  holes,  crevices,  slots,  screw  heads,  and  so  fotih.  A  bubble  driven  at  its  reso¬ 
nance  frequency  oscillates  vigorously,  reradiating  sound  and  loving  a  measurable 
effect  over  an  area  some  20,000  times  as  Urge  as  tlte  bubble  cross  section.16  The 
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Fig.  3.44.  Measured  hydrophone  output  voltage  where  projector  and 
hydrophone  both  arc  at  a  depth  midway  between  the  water-air  surface 
and  bubble-covered  bottom.  The  transducers  are  separated  by  a  dis¬ 
tance  equal  to  1/8  of  the  water  depth.  The  projector  transmitting  re¬ 
sponse  and  hydrophone  receiving  sensitivity  both  are  essentially  oonstant 
with  frequency. 


resonance  frequency  of  a  spherical  air  bubble  is  proportional  to  the  square  root 
of  the  absolute  prossure  and  inversely  proportional  to  the  static  radius.lt>  Asa 
convenient  reference,  a  bubble  near  the  surface,  or  at  one  atmosphere  of  pres¬ 
sure,  and  one  centimeter  in  diameter  will  resonate  at  667  Hz.l$  From  this 
reference,  the  resonance  frequency  of  smaller  bubbles  at  higher  pressures  can 
be  calculated  using  the  proportions  just  stated.  Bubbles  usually  are  small  in 
comparison  with  a  wavelength  and  therefore  the  shape  is  not  critical.  The  reso¬ 
nance  frequency  of  other  shapes  can  be  assumed  to  be  approximately  the  same 
as  for  a  spherical  bubble  of  the  same  volume. 

Small  gas  bubbles  can  be  quite  tenacious  and  stable.  Thus  it  becomes  impor¬ 
tant  to  examine  thoroughly  and  test  an  .anomaly  in  recorded  data  as  illustrated 
in  Fig.  3.45  to  ascertain  whether It  hr  a  valid  characteristic  of  the  transducer  or  a 
perturbation  due  to  a  bubble  in  the  medium.  Since  the  resonance  frequency  of  a 
bubble  depends  on  the  static  pressure,  a  change  in  depth  will  shift  the  frequency. 
Such  a  test  might  still  be  inconclusive,  however,  inasmuch  as  a  transducer  may 
have  bubbles  on  the  Inslde-particularly  in  a  fluid  that  acoustically  couples 
crystals  to  the  water.  A  genera)  understanding  of  how  bubbles  interfere  with 
acoustic  measurements  is  helpftrl. 

Consider  a  bubble  whose  radius  is  small  in  comparison  with  a  wavelength  of 
sound  in  water.  The  bubble  is  in  a  sound  fleld  where  the  frce-fteld  sound  pres¬ 
sure  is  f)f.  The  acoustic  Impedance  of  the  bubble  Itself  consists  of  the  compli¬ 
ance  C  of  the  enclosed  gas  and  a  resistance  R  arising  from  losses  that  occur  when 
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Fig.  3.45 .  Typical  effect  of  a  gas  bubble  in  water  near  a  hydrophone. 


a  gas  is  compressed  and  expanded.  The  mass  of  the  moving  gas  is  negligible.  The 
analog  of  the  acoustic  generator  acting  on  this  bubble  is  obtained  by  using 
Thevcnin's  Theorem.  The  blocked  (or  open-circuit)  pressure  is  obtained  by  letting 
the  bubble  impedance  become  infinite  and  ascertaining  the  pressure  acting  on  the 
blocked  bubble.  If  the  bubble  is  small,  this  pressure  is  the  free-fteld  pressure. 
Next,  we  turn  the  generator  off  and  view  the  generator  impedance  at  the  genera¬ 
tor  terminals.  That  is,  we  look  at  the  generator  from  the  load,  or  in  acoustical 
terms,  we  look  into  the  medium  from  the  bubble-and  we  see  the  radiation 
impedance  ft  +  /cum.  For  a  small  spherical  radiator,  urn  »  R.  Thus,  our 
analog  is  as  shown  in  Fig.  3.46.  The  velocity  u  is  the  velocity  of  the  spherical 
boundary,  and  the  inward  direction  is  positive.  Figure  3.46  is  a  conventional 
series  resonant  circuit.  For  constant  Pf,  the  relative  amplitude  and  phase  of  u  is 
proportional  to  the  bubble  admittance  shown  in  the  circle  diagram  of  Fig.  3.47. 
Assume  that  a  hydrophone  and  bubble  are  closely  spaced  so  that  the  spacing 
distance  r  «  X.  Also,  assume  that  the  hydrophone  and  bubble  are  side  by  side, 
so  that  tire  frce-field  pressure  acting  on  each  is  the  same  in  both  amplitude  and 
phase.  This  would  be  the  condition  of  a  bubble  clinging  to  the  periphery  Of  a 
diaphragm.  Then  the  total  pressure  pH  at  the  hydrophone  position  and  every¬ 
where  near  the  bubble  is  the  sum  of  Pf  and  the  pressure  p,  radiating  from  the 
pulsating  bubble,  as  depicted  in  Fig.  3.48.  The  bubble  is  acting  like  a  small 
spherical  radiator  and  p,  is  given  by  the  well-known  equations  such  as 
pf  9  fupU/r  where  U  is  the  volume  velocity.  That  is,  the  radiation  load  on  the 
bubble  is  a  mass  reactance  and  p,  leads  the  outward  velocity  by  90°.  Since  we 
chose  positive  velocity  as  inward,  p,  will  lead  the  negative  velocity  by  90°,  or 
will  lead  the  positive  velocity  by  270°.  Consequently,  a  locus  of  p,  relative  to  p/ 
is  obtained  by  rotating  the  circle  in  Fig.  3.47  through  270°.  At  the  resonance 
frequency,  (he  velocity  u  depends  on  ft,  and  the  ratio  pjp;  depends  on  the  Q  of 
the  resonant  system  and  the  distance  r.  Tire  sum  p„  ap/+p,is  then  as  shown 
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in  Fig.  3.49.  Note  from  Fig.  3.49  that  the  resonance  frequency  is  not  the  fre¬ 
quency  of  maximum  or  minimum  pressure,  nor  that  at  which  p#  =  Pf. 


m  R 


Fig.  3.46.  Analog  circuit  of  a  gas  bubble  in  water  driven  by  a  free- 
fteld  pressure  p/;  m  is  the  radiation  water  mass  load  on  the  bubble,  R 
is  the  resistance  in  the  gas  of  the  bubble  and  In  the  radiation  impe¬ 
dance,  C  is  the  compliance  of  the  gas  in  the  bubble,  u  is  the  linear 
velocity  of  the  water-gas  surface  of  the  bubble  with  inward  direction 
taken  as  positive. 


+1» 


Fig.  3.47.  The  admittance  of  a  mats  m,  resistance  R,  and  compliance  t*  in 
aeries. 
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Fig.  3.48.  Arrangement  wherein  the  free-fteld  pressure  py  impinges  on  both  a  hydro¬ 
phone  and  a  gas  bubble  at  distance  r  away.  The  sound  pressure  pe  reradiated  or 
scattered  from  the  bubble  also  impinges  on  the  hydrophone. 


Fig.  3.49.  Phaser  diagram  showing  PnaPf+Pr  a*  a  function  of  frequency  for  the  arrange' 
inent  in  Fig.  3.48. 


It  is  evident  front  Fig.  3.49  that  the  ratio  ptt/py  will  vary  with  frequency  as 
illustrated  in  Fig.  3.45.  If  r  becomes  large,  the  size  of  the  circle  will  diminish  and 
the  phase  of  pf  will  be  affected,  The  phase  angle  of  pf  is  ~kr  radians.  A  larger 
r  wilt  result  in  a  larger  negative  angle  or  a  clockwise  rotation  of  the  p,  phasors  in 
Fig.  3.49.  The  phase  of  p ,  wilt  be  affected  similarly  if  the  bubble  is  behind  the 
hydrophone.  If  the  bubble  Is  in  front  of  the  hydrophone,  the  p,  phasors  will  ro¬ 
tate  In  counterclockwise  direction.  The  effects  of  the  bubble  position  on  pn  is 
illustrated  in  Fig.  3, SO.  If  the  phase  shift  due  to  bubble  position  is  near  nr/2  a 
mirror  Image  of  Fig.  3.50  is  obtained.  Consequently,  a  wide  variety  of  anomalous 
configurations  is  possible,  but  Fig.  3.50  still  is  typical  of  the  most  common 
bubble  interference. 

3.11  Interference  Elimination 

There  are  various  remedies  for  different  kinds  of  interference.  The  remedies 
are  not  all  compatible;  thus,  if  more  titan  one  kind  of  interference  is  present, 
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l 

Fig.  3.50.  Magnitude  of  the  pressure  at  the  hydrophone  for  various  locations  of 
bubble. 


compromises  must  be  made.  Not  all  interference  problems  have  remedies.  For 
example,  it  is  virtually  impossible  to  make  tree-field  far-field  measurements  in  a 
small  tank  at  infrasonic  frequencies  because  of  the  boundary  conditions.  Then, 
an  alternate  calibration  method  like  a  coupler  must  be  used. 

Interference  from  noise  and  spurious  signals  is  eliminated  or  minimized  (see 
Fig.  2.SI)  by  the  use  of  narrowband  filters.  This  procedure  is  applicable  only  to 
continuous-wave  signals,  of  course. 

Interference  from  reflections  and  crosstalk  is  best  eliminated  by  using  the 
pulsing  techniques  described  in  Section  3.8. 

Standing  waves  are  eliminated  by  rotating  one  or  both  transducers  a  few 
degrees,  which  eliminates  the  parallel-planes  condition  without  measurably 
affecting  the  sensitivity.  Increasing  the  transducer  separation  will  also  reduce  the 
interference  due  to  standing  waves,  but  it  may  increase  interference  due  to 
reflections. 

Bubbles  are  eliminated  by  thoroughly  washing  the  transducers  with  a  wetting 
agent,  temperature-stabilization  of  transducers,  proper  design  of  transducers, 
proper  design  of  transducer  hangers  and  other  underwater  rigging  equipment, 
control  of  marine  life,  and  removal  of  gas-producing  organic  material  on  the 
bottom  of  the  body  of  water. 

When  pulsing  techniques  cannot  be  used  to  ehminati*  reflections,  other  steps 
can  be  taken,  although  they  are,  for  tire  most  part,  only  partial  solutions.  The 
transducer  separation  distance  should  be  kept  to  a  minimum  and  the  distance  to 
the  boundary  should  be  made  a  maximum  so  that  the  amplitude  ratio  of  the 
direct  signal  to  reflected  signal  is  a  maximum.  Directional  transducers  should  be 
used  if  possible  to  discriminate  against  signal  transmission  along  reflection  paths. 
Absorbers  can  be  used  at  the  reflecting  boundaries.  Baffles  can  be  used  to  inter¬ 
cept  reflections  and  deflect  them  in  harmless  directions.  The  baffle  technique, 
however,  is  not  as  simple  and  useful  as  it  might  appear.  Good  rigid  reflectors 
would  be  very  heavy  and  ponderous.  Good  pressure-retease  reflectors  arc  nut 
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durable  and  are  sensitive  to  static  pressure.  Furthermore,  baffle  edges  scatter 
and  diffract  the  sound  waves,  providing  secondary  sources  of  interference. 

The  initial  positioning  of  the  two  transducers  relative  to  a  reflecting 
boundary  can  be  helpful.  If  one  transducer  is  insensitive  in  one  direction  (to  the 
rear,  for  example),  the  transducer  should  be  oriented  so  that  the  reflecting 
boundary  is  in  the  insensitive  direction.  That  is,  the  main  lobe  of  the  transducer 
should  be  pointed  away  from  the  boundary.  However,  the  optimum  arrangement 
is  not  necessarily  the  same  for  a  response  measurements  as  for  a  directivity  pat¬ 
tern  measurement  in  which  the  unknown  transducer  is  rotated.  This  fact  is  illus¬ 
trated  in  Fig.  3.61 ,  where  a  directional  projector  is  being  evaluated  with  an  omni¬ 
directional  standard  hydrophone.  The  arrangement  in  Fig.  3.51a  is  optimal  for 
response  because  the  zero  response  at  180°  or  to  the  rear  of  the  projector 
eliminates  reflections  from  the  boundary,  whereas  in  Fig.  3.51b,  both  a  direct 
and  a  reflected  signal  impinge  on  the  hydrophone.  If  the  arrangement  in  3.51a 
is  used  for  a  pattern  measurement,  we  see  from  Figs.  3.51c  and  3.51d  that  the 
pattern  level  at  zero  degrees  is  unaffected  by  reflections,  but  at  180°  all  the 
signal  consists  of  the  reflection,  and  a  false  minor  lobe  will  appear  at  180°.  If 
the  positions  of  the  two  transducers  are  reversed,  the  zero-degree  measurement 
in  Fig.  3.5ie  is  subject  to  interference,  but  the  180°  measurement  in  Fig.  3.51f  is 
not.  The  optimal  arrangement  then  reduces  to  a  choice  of  the  errors  in  (d)  or  in 
(e).  Note  that  the  interfering  reflected  signal  in  the  two  cases  is  the  same,  but 
the  direct  signal  is  zero  in  (d)  and  a  maximum  in  (e).  The  interference  then  will 
have  a  much  larger  effect  in  (d)  than  in  (e),  thereby  making  (e)  the  preferred 
arrangement.  To  illustrate  with  an  example,  suppose  the  reflection  path  is  10 
times  as  long  as  the  direct  path.  Then  the  false  minor  lobe  at  180°  in  (d)  will  be 
20  dB  down  from  the  major  lobe,  or  the  front-to-back  ratio  will  be  20  dB  instead 
of  infinite.  In  (e),  the  major  lobe  at  zero  degrees  will  be  subject  to  an  error  of 
20  log  (1  ±  0.1).  or  about  il  dB,  which  is  a  relatively  small  error.  Since  pattern 
errors  arc  meaningful  only  in  terms  of  the  level  differences  at  various  angles,  even 
this  small  error  disappears  in  this  example  because  whatever  the  error  in  (e),  it 
will  be  the  same  at  all  angles  and  consequently  the  pattern  configuration  will  be 
unaffected. 

Selective  positioning  is  useful  in  discriminating  against  vortical  boundary  re¬ 
flections,  but  is  not  very  helpful  in  minimizing  surface  or  bottom  reflection  inter¬ 
ference.  Occasionally  one  con  point  a  pattern  null  in  the  direction  of  a  reflection 
path  as  illustrated  in  Fig.  3.52.  and  thereby  eliminate  the  interference.  However, 
since  null  angles  shift  with  frequency,  this  technique  Is  limited  to  a  single  fre¬ 
quency  or  a  narrow  band  of  frequencies. 

Insofar  as  a  passive  interference  like  reflection  is  concerned,  it  makes  no  dif¬ 
ference  whether  a  transducer  is  transmitting  or  receiving.  The  reciprocity 
principle  applies  to  reflections  as  well  as  to  direct  signals.  If  an  active  interfering 
source  is  present  somewhere,  however,  the  system  no  longer  is  passive,  and 
reciprocity  does  not  hold.  Suppose  for  example  we  have  the  situation  shown  in 
Fig.  3.S3  with  one  omnidirectional  transducer  and  one  narrow-beam  transducer 
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Fi«,  3.51.  Optional  arrangements  for  a  directional  projector  awl  an  omnidirec¬ 
tional  hydrophone  relative  to  a  reflecting  boundary,  (a)  U  preferred  to  (b)  for 
response;  (e)  and  (0  are  preferred  tf'  (c>  and  (d)  for  patterns. 


Fig.  3.52-  Elimination  of  reflection  inter¬ 
ference  by  arranging  a  pattern  null  in  the  di¬ 
rection  of  a  reflection  path. 


80UNMKV 


that  hasmo  sensitivity  at  180s  or  to  the  rear.  Then,  if  the  rear  of  the  directional 
transducer  is  pointed  at  the  interference  source  and  the  directional  transducer  is 
used  as  the  hydrophone,  the  interference  will  have  no  effect.  That  is,  the  hydro* 
|4»iw  win  sense  only  the  sound  front  the  projector,  if  tire  signal  direction  is  reversed 
and  the  narrow-beam  transducer  is  used  as  a  projector,  the  omnidirectional  hydro* 
fdtone  will  sense  the  sound  from  both  the  projector  and  the  interference  source. 
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Fig.  3.53.  Effect  of  reversing  the  direction  of  the  signal  transmission.  The 
interference  signal  is  not  sensed  by  the  hydrophone  in  (a)  but  is  sensed  in  (b). 


The  direct  signal  as  given  by  the  dashed  line  in  Fig.  3.41  is  the  average  of  the 
maximum  and  minimum  signals.  A  technique  wherein  the  average  signal  over  a 
band  of  frequencies  is  measured,  then,  effectively  wouhi  eliminate  the  effect  of 
reflections.  Two  such  techniques  are  feasible.  In  one,  a  band  of  noise  centered 
on  the  frequency  of  interest  is  used;  in  the  other,  a  warbled  or  frequency- 
modulated  signal  is  used.  Neither  technique  is  applied  very  often  in  under¬ 
water  electroacoustic  measurements  because  the  frequency  resolution  of 
the  sensitivity  that  is  obtained  by  this'  averaging  procedure  generally  is 
unacceptable. 

.,3.12  Tank  Facilities  and  Sizes 

Tank  facilities  for  underwater  electroacoustic  measurements  have  the  ad¬ 
vantages  of  convenient  location  and  controllable  environments.  As  used  in  this 
Section,  the  term  tank  facility  refers  only  to  those  tanks  in  which  frcc-field 
measurements  can  be  made.  Therein  lies  the  main  disadvantages  of  tank  facilities: 
poor  free-fietd  conditions.  Unless  the  tank  is  unusually  large  like  the  TRANSDliC 
Facility  in  Fig.  3.7,  for  example,  the  usefulness  of  a  tank  facility  depends  on  the 
extent  to  which  reflections  or  the  interference  from  reflections  can  be  eliminated. 
When  the  reflections  are  eliminated  or  attenuated  by  absorbers  at  the  tank 
boundaries,  the  term  anechoic,  meaning  “f  ree  from  echoes,”  is  used.  Figure  3.S4 
is  a  picture  of  a  typical  indoor  tank. 

Most  such  facilities  are  open  tanks  that  ate  similar  to,  but  smaller  than, 
facilities  on  natural  water  sites.  An  exception  is  the  closed  anechoic  tank  in 
which  the  deep  ocean  environment  can  be  simulated  with  high  hydrostatic  pres¬ 
sure  and  low  temperature.  If  necessary,  the  salinity  can  be  controlled  also,  but 
this  seldom  is  necessary  for  electroacoustic  measurements.  A  cross-scciional 
diagram  of  such  a  tank  is  shown  hi  Fig.  3.5S.  Closed  High -pressure  tanks  intro¬ 
duce  the  additional  complications  of  fa)  controlling  the  position  and  orientation 
of  the  transducers  from  outside  the  tank  through  pressure  seals,  (b)  access  ports 
that  Until  transducer  size,  and  (c)  a  relatively  small  size  because  high  pressure  and 
Urge  size  are  not  compatible. 
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Fi*.  3.54.  Indoor  tank  facility  of  the  Naval  Research  Laboratory  in  Washington,  D  C.  The 
tank  is  made  of  cypress  wood,  is  30  feet  in  diameter  and  22  feet  deep,  with  most  of  the 
depth  recessed  into  a  hob  beneath  the  building. 


t  ip-  US.  Ctmvscetiotul  diaaiarti  of  a  tOiHFjw  anccttuk  lank  si  the  Underwater  Sound 
Utffeteiwv  Division  ul  the  Nava)  Kewareh  talwalkry  at  Or  Undo.  Florida. 
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Because  most  tanks  are  small,  pulsed-sound  techniques  are  used  to  eliminate 
the  interference  that  originates  at  tank  wall  boundaries.  In  addition,  absorbers  or 
anechoic  coatings  also  are  used  on  the  tank  walls,  bottom,  and  sometimes  the 
surface.  Various  types  of  rubber  materials  have  been  used  in  open  ranks.  For 
high-pressure  tanks  like  that  shown  in  Fig.  3.55,  a  cement  and  sawdust  mixture 
called  Insulkrete  has  been  used.1?  Wood  by  itself  is  a  fair  absorber  and,  since 
cylindrical  wooden  tanks  have  other  industrial  uses,  such  tanks  are  economically 
attractive.18  Tanks  of  cedar,  redwood,  or  cypress  have  been  the  most  popular. 

The  major  question  in  designing  and  using  a  tank  facility  is  its  frequency 
range.  The  necessary  tank  size  is  roughly  proportional  to  the  wavelength  of  the 
acoustic  signal.  Consequently,  attention  is  focused  on  the  large  wavelength  jr 
the  low-frequency  limit.  There  is  no  simple  answer  to  a  question  like  “How  large 
must  a  tank  be  to  be  useable  at  1  kHz?”  The  size  depends  on  the  pulse  length 
and  repetition  rate,  and  the  projector-to-hydrophone  distance.  These  values,  in 
turn,  depend  on  the  kind  of  measurements  to  be  made,  the  acceptable  accuracy, 
the  transducer’s  size  and  Q,  the  frequency,  the  type  of  voltage  sensing  and 
measuring  system,  and  the  echo  reduction  of  the  boundaries. 

If  pulsing  is  used,  the  tank  shape  is  not  important.  It  is  the  proximity  of  the 
boundary  that  is  nearest  to  the  direct  projector-to-hydrophone  acoustic  path 
that  is  controlling. 

To  arrive  at  some  general  criteria  for  tank  dimensions,  a  number  of  simpli¬ 
fying  but  realistic  assumptions  can  be  made.  The  first  of  these,  illustrated  in 
Fig.  3.56,  is  that  the  nearest  reflecting  boundary  is  either  parallel  to  the  direct 
acoustic  path  (sidewall,  bottom,  or  surface),  or  perpendicular  to  the  direct  path 
(end  walls). 

The  second  assumption  is  that  any  absorption  at  the  boundaries  is  primarily 
for  the  rapid  dissipation  of  the  reverberation  between  pulses.  Most  anechoic 
linings  are  only  partially  effective,  particularly  at  low  frequencies.  Single  reflec¬ 
tions  are  attenuated  but  not  eliminated.  The  pulsing  described  in  Section  3.8  is 
based  on  the  concept  that  the  difference  between  the  direct  projector-to- 
hydrophone  path  and  the  first  reflection  path  is  greater  than  a  pulse  length.  That 
is,  the  hydrophone  must  be  receiving  the  steady-state  part  of  the  direct  pulse 
before  the  leading  edge  of  the  reflected  pulse  reaches  the  hydrophone.  The 
minimum  path  difference  then  is  r  seconds  or  ct  meters,  where  c  is  the  speed  of 
sound  in  meters  per  second.  The  minimum  tank  length  L  and  minimum  width 
(or  depth)  W  then  can  be  computed  from  Fig.  3.56  as 


L  =  d  +  ct,  (3.26) 

W-  ((cf  +  cr)2  -  c/2  ]  ^  =  (Ida  +  ^t2)^.  (3.27) 


These  basic  equations  can  be  put  in  terms  of  transducer  parameters  by  making 
further  assumptions. 
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Fig.  3.56.  Direct  and  reflected  signal  paths  in  test  tank;  d  is  the  required  measurement  dis¬ 
tance,  r  is  the  pulse  duration  in  seconds,  c  is  the  speed  of  sound,  cr  is  the  minimum  difference 
between  direct  and  reflected  path  lengths,  L  =  d  +  ct  is  the  length  of  the  tank,  and  W  - 
[(d  +  ct)2  *  is  the  width  or  depth  of  the  tank. 


It  takes  Q  cycles  for  a  pulse  to  reach  effective  steady  state,  where  Q  applies  to 
the  whole  transmitting  system,  not  just  to  the  projector.  The  minimum  pulse 
length  is  assumed  to  require  Q  cycles  or  Q\  meters  for  cases  in  which  the  trans¬ 
ducer  has  a  negligible  diaphragm  dimension  in  the  direction  of  sound  propaga¬ 
tion.  When  this  is  not  true,  an  additional  pulse  length  is  needed  to  cover  the 
entire  transducer  with  the  effective  steady-state  signal. 

The  pulse-length  criterion  of  Q  cycles  bears  directly  on  the  question  of  ac¬ 
ceptable  measurement  accuracy.  Figure  3.57  shows  the  asymptotic  approach  to 
steady  state.  Where  n/Q  =  1,  the  amplitude  is  still  0.4  dB  or  414%  too  low. 
Better  accuracy  can  be  obtained  with  longer  pulse  lengths,  but  only  at  the  ex¬ 
pense  of  larger  tank  dimensions,  as  is  evident  from  Eqs.  (3.26)  and  (3.27). 

The  pulse-length  criterion  of  only  Q  cycles  also  implies  that  the  voltage¬ 
measuring  system  can  operate  with  the  sawtooth-shaped  pulse  shown  in  Fig. 
3.57. 

Another  assumption  is  that  one  of  the  two  transducers  is  small  in  comparison 
with  a  wavelength-say  one  is  a  point  hydrophone.  The  other  transducer  is 
assumed  to  be  large  but  with  a  maximum  dimension  of  five  wavelengths.  Theo¬ 
retical  patterns  of  5-wavelength  transducers  are  shown  in  Fig.  3.58.  the  10-dB- 
down  beam  widths  are  less  than  20°  and  as  narrow  as  most  transducer  beam 
widths  get.  Because  of  proximity  criteria  like  Eq.  (3.15),  the  linear  dimensions 
of  a  tank  are  approximately  proportional  to  the  square  of  the  transducer 
dimension,  so  it  is  well  to  set  a  reasonable  limit.  When  measurements  are  to  be 
made  on  larger  or  very  narrow-beam  transducers,  special  criteria  can  be 
developed. 
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Fig.  3.57.  Sound  pressure  magnitude  from  a  resonant  transducer  driven  by  a 
stop-function  electrical  pulse.  Curves  computed  from  p„/p0  =  1  -  e-”n/Q  where 
Po  is  the  steady-state  pressure  (n  ->  <*),  pn  is  the  pressure  after  n  cycles,  n  is  the 
number  of  cycles,  and  Q  is  the  Q  of  the  transducer. 


o_„o 


Fig.  3.58.  Theoretical  directivity  patterns  for  a  piston  five  wavelengths  in  diam¬ 
eter  and  a  line  five  wavelengths  long. 


20  log  (pn/|ct,> 
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The  last  assumption  is  that  the  maximum  distance  d  is  set  by  the  proximity 
criterion  in  Eq.  (3.18).  Combining  this  equation  with  the  maximum  transducer 
dimension  D  =  5X  produces  for  the  d  in  Fig.  3.56 

d  =  SD  -  25X.  (3.28) 

The  use  of  Eq.  (3.18)  also  implies  that  the  steady-state  part  of  the  longest 
pulse  must  be  D/2  meters  or  2 Vi  wavelengths  long.  Figure  3.59  illustrates  the 
pulse-length  requirement  for  the  conditions  assumed  in  Eq.  (3.18)  or  for 
measuring  the  pattern  of  a  transducer  in  the  60°  sector  centered  on  the  axis.  For 
this  case  of  maximum  pulse  length  and  D  -  5X, 

ct  =  Q\  +  2^X  =  (Q  +  2W)\.  (3.29) 

Then,  combining  Eqs.  (3.28)  and  (3.29)  with  Eqs.  (3.26)  and  (3.27)  yields 

L  -  (27 .5  +  Q)X,  (3.30) 

W  =  [50(fi  +  2H)  +  (Q  +  VW)  *X.  (3.31) 


Fig,  3.59.  Illustration  of  how  a  transducer  of  diametor  or  width  D  and  oriented 
at  30°  off  axis  requires  a  pulso  with  a  steady-state  length  of  D/2. 
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Equations  (3.30)  and  (3.31)  are  plotted  in  Fig.  3.60  with  wavelength  con¬ 
verted  to  frequency. 


Fig.  3.60,  Length  (solid  line)  and  width  or  depth  (dashed  line)  of  a  tank  for  meas¬ 
uring  a  pattern  of  a  transducer  with  a  maximum  dimension  of  five  wavelengths. 


3.13  Acoustically  Transparent  Pressure  Vessels 

Closed  tanks  that  are  large  enough  for  free-fteld  measurements  and  also  strong 
enough  to  contain  hydrostatic  pressures  of  several  thousand  pounds  per  square 
inch  are  very  expensive.  An  alternative  for  some  purposes  is  provided  by  small 
acoustically  transparent  pressure  vessels.  If  an  unknown  transducer  is  placed  in 
such  a  vessel  and  then  the  entire  vessel  is  immersed  in  a  larger  body  of  water, 
conventional  free-field  measurements  will  be  limited  only  by  the  dimensions  of 
the  large  body  of  water.  The  hydrostatic  pressure  and  temperature  are  appliod 
only  to  the  unknown;  other  transducers  are  outside  the  vessel  as  shown  in 
Fig.  3.61. 
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Fig.  3.61.  Arrangement  for  using  acoustically  transparent  pressure  vessol 
to  test  and  evaluate  transducers. 


Glass-filament-wound  vessels  have  been  used  with  this  techniuqe.  19.20  They 
have  a  much  shorter  life  in  terms  of  pressure  cycles  than  a  comparable  steel  vessel 
does,  but  the  relatively  low  cost  compensates  for  the  short  life. 

The  vessels  are  made  by  winding  glass  filament  on  a  mandrel.  The  filament  is 
coated  with  a  resin  that  provides  the  adhesive  bond  between  filaments.  A  rubber 
liner  serves  as  a  water  barrier.  The  winding  technique  requires  an  opening  on  each 
end.  One  opening  is  made  large  and  used  as  an  access  port.  The  other  is  small 
and  used  as  a  drain  hole.  Transducers  inside  the  vessel  usually  are  attached 
rigidly  to  the  steel  cover  if  the  vessel  is  small,  and  the  transducer  and  vessel  are 
moved  or  rotated  together. 

Because  the  filament-resin  material  is  heterogeneous  and  anisotropic,  its 
acoustical  characteristics  arc  not  amenable  to  theoretical  analysis.  All  of  the 
current  ir'ormation  is  empirical. 

G|i»ss  vessels  are  completely  transparent  only  at  low  frequencies  in  the  audio 
range.  The  insertion  loss  of  the  vessel  walls  increases  gradually  with  frequency  until 
it  may  be  as  much  as  8  dB  in  the  ultrasonic  range.  There  may  also  be  discernable 
resonances  of  the  whole  water-filled  vessol  at  an  audio  frequency.  Where  the  walls 
have  significant  insertion  loss,  they  will  also  reflect  sound.  Internal  reflections  will 
occur  in  tho  vessel,  and  pulsing  techniques  are  needed  to  eliminate  interference. 
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The  principal  interference-causing  reflection  originates  from  the  vessel  wall 
behind  the  transducer.  The  low-frequency  limit  for  the  pulsing  technique  is  set 
by  this  reflection  path  or  the  vessel  radius.  Increasing  the  radius  does  not  neces¬ 
sarily  improve  matters,  because,  for  a  given  pressure  capability  of  the  vessel,  the 
wall  thickness  increases  with  the  radius.  There  is  a  pressure-size  relation  that 
optimizes  the  crossover  between  the  frequency  range  in  which  the  vessel  is 
essentially  transparent  and  continuous-wave  signals  can  be  used  and  the  frequency 
range  in  which  pulsed  sound  is  feasible. 

A  calibrated  standard  transducer  is  needed  to  determine  the  insertion  loss  of 
the  wall  as  a  function  of  frequency  and  pressure,  or  to  serve  as  a  standard  in  a 
comparison  calibration  as  described  in  Section  2.2.1.  If  no  change  is  observed  as 
a  function  of  pressure  in  an  insertion  loss  measurement,  however,  it  is  safe  to 
assume  that  both  the  insertion  loss  of  the  vessel  and  the  transducer  response  do 
not  change.  The  probability  of  equal  and  opposite  changes  over  a  wide  frequency 
range  is  negligible.  Such  “no  change”  measurements  have  been  observed19^0 
using  the  type  F27  and  F30  transducers  described  in  Sections  5.9.1  and  5.9.2. 
If  changes  are  observed,  and  if  a  standard  calibrated  elsewhere  is  not  available, 
the  internal  transducer  and  the  vessel  are  evaluated  as  a  single  unit. 

If  the  transparent  vessel  is  large  enough  to  accommodate  simultane¬ 
ously  two  transducers  separated  by  a  distance  that  meets  the  proximity 
criteria  of  Section  3.4,  it  can  function  as  a  tank  facility  as  described  in  Section 
3.12. 


3.14  Coordinate  System  for  Transducer  Orientation 

A  standard  system^  of  left-handed  polar  coordinates  like  that  shown  in 
Fig.  3.62  is  used  to  relate  calibration  measurements  to  a  transducer.  The  system 
is  fixed  with  respect  to  the  transducer.  The  origin  of  the  coordinates  always  is 
placed  at  the  acoustic  canter  of  the  transducer.  Other  relationships  follow 
the  conventions  below,  unless  otherwise  specified.  It  is  assumed  that  a 
transducer  normally  transmits  sound  in,  or  receives  sound  from,  a  horizontal 
direction. 


z 


Fig.  3.62.  Standard  coordinate  system 
for  transducer  orientation. 
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(a)  The  positive  Z  axis  ( d  =  0°)  is  in  the  upward  direction  when  the  trans¬ 
ducer  is  in  its  normal  position. 

(b)  The  positive  X  axis  (<p  -  0°,  0  =  90°)  is  the  direction  of  normal  propaga¬ 
tion  or  the  acoustic  axis. 

(c)  Response  or  sensitivity  is  measured  in  the  direction  of  the  X  axis. 

(d)  Point  or  spherical  transducers  are  oriented  in  the  coordinate  system  by 
an  arbitrary  choice,  but  reference  points  (scribe  marks,  serial  numbers,  screw 
heads,  cable  glands,  etc.)  that  coincide  with  the  X  and  Z  axis  must  be  specified. 
Figure  3.63  shows  an  example. 


z 


\ 


Fig.  3,63.  O  (dilute  system  for  a  point  or  spherical  transducer. 


(o)  Cylindrical  or  line  transducers  are  oriented  with  the  axis  of  the  cylinder 
or  lino  coinciding  with  the  l  axis.  A  reference  mark  in  the  XZ  plane  in  the  direc¬ 
tion  of  the  positive  X  axis  is  specified.  Figure  3,64  shows  an  example. 

(0  Piano  or  piston  transducers  are  oriented  with  the  plane  or  piston  face  in 
the  YZ  plane  with  the  X  axis  normal  to  the  face  at  its  acoustic  center.  A  refer¬ 
ence  mark  in  the  XZ  plane  in  the  direction  of  the  positive  Z  axis  is  specified. 
Figure  3.65  shows  an  example. 

When  unconventional  orientations  or  configurations  aro  used,  calibration  data 
should  be  accompanied  by  special  sketches  showing  the  same  information  os 
Figs.  3.63, 3.64,  and  3.65, 

Polar  directivity  patterns  identify  the  plane  of  the  pattern  by  the  direction  of 

(1)  the  0°  radius  vector  (normally  the  acoustic  axis,  if  it  lies  in  the  plane),  and 

(2)  the  90°  radius  vector.  If  the  radius  vector  coincides  with  the  X,  Y,  or  Z  axis, 
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Fig.  3.64.  Coordinate  system  for  a  line  or  cylindrical  transducer. 


Fig.  3.65.  Coordinate  system  for  a 
plane  or  piston  transducer. 
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these  symbols  are  used  rather  than  the  angles  0  and  <t>.  For  example,  an  XY  pat¬ 
tern  means  that  0°  is  in  the  direction  of  the  X  axis  and  90°  in  the  direction  of  the 
Y  axis.  Examples  of  XY,  XZ,  and  YZ  patterns  are  shown  in  Figs.  3.66, 3.67,  and 
3.68,  respectively.  If  the  0°  or  90°  vectors  do  not  coincide  with  an  axis,  the 
directions  are  identified  by  0  and  0.  For  the  example  in  Fig.  3.69,  the  pattern  is 
identified  by  (0  =  45°,  8  =  90°)  and  (0  =  0°). 


I  VIEW  OF 

1  PLOTTED  PATTERN 


Flf.  3.66.  Orientation  of  a  polar  pattern  in  the  XY  plane. 
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l'l|.  3.67.  Orientation  of  t  polar  pattern  in  the  XI  plane. 
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I-'i*.  3.W.  Offcoiation  of  a  polar  pattern  in  the  Yd  plane. 
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It  is  easy  to  confuse  rotational  directions,  and  axes  of  rotation  are  not  used  as 
a  reference.  If  the  patterns  were  measured  by  revolving  the  standard  or  reference 
transducer  in  a  wide  circle  around  the  unknown  transducer,  the  standard  and  the 
data  plot  wouid  move  together  in  the  same,  usually  clockwise  or  compass-wise, 
direction.  But  patterns  actually  are  measured  by  rotating  the  unknown  in  a 
direction  opposite  to  the  data  plot.  That  is,  to  plot  data  for  0°  to  90°  or  in  a 
clockwise  direction,  the  transducer  must  rotate  from  0°  to  -90°  or  in  a  counter¬ 
clockwise  direction. 

In  some  unusual  cases,  patterns  are  measured  in  configurations  other  than  a 
plane.  If,  for  example,  the  two  transducers  are  at  different  depths  and  one  is 
rotated  about  a  vertical  axis,  the  line  joining  the  two  transducers  will  sweep  out 
a  conical  surface.  In  unconventional  pattern  measurements  like  this,  the  pattern 
identification  scheme  should  be  described  in  detail,  preferably  with  a  drawing. 


3.15  Data  Reduction  and  Analysis 


When  transducers  are  calibrated  in  free-field  facilities  and  with  automatic  sys¬ 
tems,  the  calibration  equations  of  Chapter  11  need  expansion  and  modification 
into  practical  formulas  that  account  for  units,  constants,  amplifier  gains,  attenu¬ 
ators,  conversion  to  the  decibel  system,  voltage  and  current  measure  calibration, 
voltage  coupling  losses,  and  so  forth.  The  formulas  are  further  modified  to  fit 
techniques  for  reducing  the  tedium  of  computing  many  data  points. 

Before,  during,  and  after  data  reduction,  certain  examinations  and  analyses  of 
the  data  can  be  made  to  determine  consistency  among  the  measurements  and 
compliance  with  theory  as  given  in  Sections  2.1 1 , 2.13,  and  5.2. 

The  receiving  sensitivity  M  and  transmitting  response  S  of  a  transducer  almost 
always  are  given  in  the  decibel  system,  and  when  they  are  the  correct  terminology 
is  sensitivity  or  response  level.  Patterns  almost  always  are  plotted  wiUi  decibel 
scales.  Other  parameters,  like  directivity  index  and  efficiency,  usually  are  given 
in  decibels.  Consequently,  when  speaking  of  the  sensitivity  M,  for  example,  one 
actually  means  20  log  where  Af0  is  a  reference  value. 

Measurements  of  a  voltage  e  with  a  system  like  that  shown  in  Pig.  3.26 
always  involves  the  gain  of  the  voltage  amplifier.  The  amplifier  is  calibrated  and 
the  gain  is  read  directly  from  dial  settings.  The  pin  G  is  a  measure  of  lire  ratio  of 
output  voltage  to  input  voltage,  or 


G  »  201og 


output  voltage 
input  voltage 


(3*32) 


Attenuation  is  treated  as  a  negative  gain. 

Where  a  hydrophone  voltage  coupling  loss  is  measured  in  decibels,  it  will  be 
symbolized  by  CL; 

a  «  20logf!^  *  20 log*,  »  20 log *0.  (3,33) 
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when  et  and  e0  are  taken  from  Fig.  3.25.  Note  again  that  CL  is  a  positive  number 
for  a  true  loss. 

Where  the  projector  voltage  or  current  is  used  in  a  formula,  the  voltage  or  cur¬ 
rent  must  be  related  to  the  output  voltage  of  the  “e  and  /  measure”  circuit  of 

Fig.  3.26.  This  is  the  same  as  the  output  voltage  ee  or  et  in  Fig.  3.27.  These 

relationships  are  found  by  actually  measuring  ee  or  e(  as  functions  of  e  and  i, 
respectively,  and  then  defining 

Ke  =  20  log  ee  -  20  log  e,  (3.34) 

K,  =  20 log e(  -  20 log/.  (3.35) 

The  value  of  Ke  would  be  expected  to  be  equal  to  20  times  the  logarithm  of  the 
voltage  divider  ratio  in  Fig.  3.27a;  Kt  would  be  equal  to  20  times  the  logarithm 
of  the  resistance  in  Fig.  3.27b,  and  be  a  function  of  the  toroid  transformer  turns 
ratio  in  Fig.  3.27c. 

Equations  (3.33)  and  (3.34)  represent  dimensionless  ratios;  consequently,  the 
units  of  voltage  are  unimportant.  It  is  only  necessary  that  the  same  unit  be  used 
consistently  in  each  equation.  The  units  in  Eq.  (3.35)  are  those  of  the  MKS 
system  and  Kt  is  the  logaritlim  of  volts  per  ampere. 

3.15.1  Calibration  formulas 

In  deriving  calibration  formulas,  it  will  be  assumed  that  all  measured  voltages 
are  subject  to  finite  amplifier  gains,  and  all  hydrophone  voltages  are  subject  to 
coupling  losses.  This  is  done  for  the  sake  of  completeness;  such  gains  and  losses 
do  not  always  exist. 

A  free-fleld  voltage  sensitivity  level  obtained  by  comparison  with  a  standard 
hydrophone  is  given  by  Eq.  (2.1),  which,  expanded  and  modified,  is 

20logAfJt  ■  20 log  A#,  +  (20 log e,  -  G*  +  CLX) 

-(20  log  e,-C,+a,),  (3.36) 

where  the  x  subscript  denotes  a  quantity  associated  with  the  unknown  and  the  s 
subscript,  with  the  standard.  The  units  of  Af,  will  be  the  same  as  those  for  the 
standard  calibration  Af,-that  is,  volts  per  unit  pressure  (one  of  the  unit  pressures 
shown  in  Fig.  1 .1).  The  voltages  are  referred  to  one  volt. 

A  transmitting  current  response  Sx  obtained  by  measuring  the  transmitted 
pressure  with  a  standard  hydrophone  is  given  by  Eq.  (2.6),  which,  expanded  and 
modified,  is 

20  logS*  «  (20  tog  e4“C#  +  a,)  +  20  log  d  -  20  log 

-(20  tog  (3.37) 
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The  units  of  Sx  will  be  unit  pressure  per  ampere  when  the  unit  pressure  is  the 
same  as  that  used  in  Ms.  The  voltages  es  and  et  are  referred  to  one  volt,  and  the 
distance  d  to  one  meter. 

A  transmitting  voltage  response  Sx'  is  taken  from  Eq.  (2.7);  the  formula  is 
20  log  5'*'  =  (20  log  es  ~GS  +  CLS)  +  20  log  d  -  20  log  Ms 


-(20  log  ee-Ke~Ge).  (3.38) 

A  free-field  voltage  sensitivity  obtained  by  a  reciprocity  calibration  is  given  by 
Eq.  (2.17),  which,  expanded  and  modified,  is 

20  log  Mh  =  Vi  [(20  log  ePfi  —  Gph  +  CL/j)  +  (20  log  e-pn  ~  Gth  +  CL#) 

—  (20  log  6pp~  Gpp  +  CLp)  —  (20  log  — Kj  —  Gj)p 

+  20  log7 +  20  log  </].  (3.39) 

The  units  of  M  depend  on  the  units  of  J,  which  is  given  in  Figs.  3.70  and  3.71  for 
all  four  reference  pressure  levels  of  Fig.  1.1. 


I‘t|.  3.70.  Reeiptodty  parameter  20  log  J  at  a  function  of  frequency  In  eg*  unit*; 
J  *  MfS  •  (Id Ip))  n  10“’  where  M  U  In  volt*  per  microbar,  S 1*  In  microbar*  per  ampere 
at  rf  cm,  d  *  100  cm,  and  p  *  l .00  g/ern*.  Note:  Subtract  148  db  when  reference  ptev 
uuc  u  changed  from  1  Mbar  to  0.0002  »ibar. 
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Fig.  3.71.  Rccipiodty  parameter  20  log  J  as  a  (Unction  of  frequency  in  MKS  units; 
J  ■  M/S  »  (2 d/pf)  x  10'12  where  M  is  in  volts  per  micronewton/meter2,  S  is  in  micro- 
newton/metcr2/ampere  it  d  meters,  d  ■  im,  md  p  ■  1000  kg/m3.  Note:  (1)  Add  240 
dB  when  reference  pressure  is  ch»nged  from  1  pN/m2  to  1  N/ra2.  (2)  Add  S2  dB  when 
reference  pressure  is  changed  from  1  pN/m2  to  20  stN/m2. 


Equation  (3.39)  is  cumbersome  if  all  14  terms  are  used.  In  practice,  this 
usually  is  not  necessary.  The  distance  cf  can  be  combined  with  /  from  Table  3 . 1 
and  Fig,  3.71  by  adding  20  log  d,  with  d  in  meters,  to  /.  The  electrical 
impedances  of  the  projector  P  and  the  reciprocal  transducer  T  usually 
are  low  in  comparison  with  tire  input  impedance  of  the  first  receiving  amplifier 
in  Fig.  3.26.  Thus,  when  they  are  used  as  hydrophones,  P  and  T  will  have  zero 
coupling  loss,  or  CLp  «  CL?  a  0.  The  hydrophone  itself  may  itave  no  coupling 
loss  if  it  has  no  preamplifier  or  if  cnd-of-cable  calibrations  are  used.  Then 
CL"  **  0.  With  a  receiving  system  that  lias  good  linearity  oveV  a  large  dynamic 
range,  the  amplifier  gains  can  be  the  same  for  ait  four  measurements  in  a 
reciprocity  calibration,  and  thereby  cancel  out,  Stilt  further  simplification  is 
obtained  if  the  current  or  is  held  constant  by  a  normalizing  circuit  as  shown 
in  Fig.  3.26,  and  a  circuit  with  a  G-dBper-octave  insertion  loss  is  used  to  combine 
J  with  Ah  these  simplifications  reduce  Eq.  (3.39)  to 

20  log  %  -  V4((20  log  -  20  log  epr)  +  20  log  er«  +*0),  (<*  40) 

where  includes  the  64B-per«octave  toss  equivalent  to  J  ami  A'0  includes  all 
system  coustanis  including  current,  distance,  and  a  reference  level  for  ir/A 
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Table  3.1.  The  reciprocity  parameter  as  used  in  Eq.  (3.39)  for  five 
different  reference  pressures  used  in  the  definitions  of  free-field  volt¬ 
age  sensitivity  and  transmitting  current  response.  The  units  of  d  and 
p  are  meters  and  kilograms  per  cubic  meter  where  the  reference  pres¬ 
sure  is  in  newtons  per  square  meter,  and  centimeters  and  grams  per 
cubic  centimeter  where  the  reference  pressure  is  in  microbars  per 
square  centimeter. 


Reference  Pressure 

Reciprocity  Parameter  (/) 

1  N/m2 

2 d/fif 

1  pN/m2 

(2 d/pf)  x  10'i2 

20  juN/m2 

(2 d/pf)  x  10-io 

1  pbar  - 

(2 d/pf)  x  10-i 

0.0002  pbar 

(2d/Pf)  x  4  x  10-is 

Roshon21  uses  Eq.  (3 ,40) and  laro*'  deal  techniques  to  compute  Mtj  over 
a  wide  frequency  range.  T*>  - ,  ..ween  the  first  two  terms  in  parentheses 
is  graphically  added  to  .rH  term,  resulting  in  a  curve  proportional  to  Mm. 
Then,  a  computation  at  just  one  frequency  is  all  that  is  necessary  to  account  for 
A'0  and  reduce  the  curve  to  the  absolute  level. 

If  a  fourth  measurement  in  which  T  is  the  projector  and  P  is  the  hydrophone 
(see  Pig,  2.5d)  is  added  to  the  conventional  reciprocity  trio,  Eq.  (2.18)  can  be 
expanded  and  modified  into  a  formula  similar  to  Eq.  (3,39),  but  with  the  P  and 
T  subscripts  interchanged.  Such  an  interchange  affects  only  the  "PT"  and  T* 
parenthetical  expressions.  Equating  these  expressions  constitutes  a  check  on  the 
reciprocity  of  P  and  T.  That  is,  if  P  and  T  are  reciprocal,  then 

(20  log  epf  “  Gp f*  +  CLf)  +  (20  log  -  Kj  -  G/)?  “ 

(20  log  fffp  -  Ofp  +  CLp)  +  (20  tog  i't  -  Kt  ~  G/)p  (3.4 1 ) 

The  value  of  A)  Is  independent  of  the  projector,  T  and  P  usually  are  similar  trans¬ 
ducers  so  that  the  gains  cancel  out,  and  CLr  and  CLp  usually  are  aero.  Hum 
Eq.  (3,41)  reduces  to 

20  log  dpy  +  (20  tog  t»/)p  “  20  log  t'j-n  +  (20  log  e()p.  (3.42) 

The  numerical  values  of  the  two  sides  of  Eqs,  (3.41)  or  (3.42)  may  differ  by  a 
few  tenths  of  a  decibel  because  of  random  error.  An  average  of  the  two  expres¬ 
sions  then  can  be  used  in  Eq.  (3J9)  instead  of  only  Ute  left-hand  expression. 
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3. IS. 2  Conversion  of  reciprocity  parameter  and  level 

The  reciprocity  parameter  J  in  Eqs.  (2.17)  and  (3.39)  is  defined  in  Section 
2.3  and  Eq.  (2.13)  as  the  ratio  M/S.  In  the  literature22-23  this  J  is  shown  to  be 
an  acoustical  transfer  admittance  U/p,  where  U  is  the  volume  velocity  of  a  simple 
source  and  p  is  the  free-field  pressure  in  a  spherically  diverging  wave  at  the  dis¬ 
tance  d.  From  this,  then,  J  is 


M  2 d 
S  '  pf' 


(3.43) 


where  d  is  the  reference  distance  of  the  transmitted  pressure  in  the  definition 
of  5— that  is,  one  meter;  p  is  the  density  of  water;  and /is  the  frequency.  If  all 
the  parameters  in  Eq.  (2.17)  and  (3.39)  were  consistent  or  in  a  single  system  of 
units, and  if  the  reference  voltages,  currents,  and  pressures  used  in  the  definitions 
of  rtf  and  S  were  the  units  of  the  system,  then  Eq.  (3.43)  would  be  a  complete 
formula  for  J.  Where  the  units  are  mixed  (MKSA  volts  and  amperes,  cgs  micro¬ 
bars  and  centimeters,  and  reference  pressures  other  than  one  newton  per  square 
meter,  for  example),  a  conversion  constant  must  be  added  to  Eq.  (3.43).  These 
constants  arc  shown  in  Table  3.1  for  fivo  different  reference  pressures.  In  each 
case,  it  is  assumed  that  the  same  unit  system  (that  is,  MKS  or  cgs)  is  used  for 
2 d/pf  as  for  the  reference  pressure.  It  should  be  noted  that  even  though 
20  pN/m2  and  0.0002  pbar  are  the  same  pressure,  20  log  J  is  different  for  the 
two  cases  because  different  units  are  used  for  2 d/pf.  This  difference  accounts  for 
the  factor  10~s  in  the  conversion  contants.  That  is, 


llte  remaining  part  of  the  conversion  factor  accounts  for  the  reference  pressure 
level  differences  shown  in  Fig.  .1 . 1  -  The  parameter  20  log  J  is  plotted  as  a  func¬ 
tion  of  frequency  In  Pigs.  3.70  and  3.71 . 

Since  the  free-field  voltage  sensitivity  of  a  given  hydrophone  is  proportional 
to  the  reference  pressure,  the  sensitivity  levels  wilt  differ  by  the  same  amount  as 
the  pressure  levels  shown  in  Pig.  1,1,  One  then  can  compute  M  with  one  refer¬ 
ence  pressure  level  and  use  Pig.  1.1  to  change  it  to  another.  Similarly*  the 
reference  level  of  the  transmitting  current  response  can  be  dunged  by  using 
Pig,  l.t  and  inverting  the  difference,  Table  3.2  shows  the  relative  levels  of  3/, 
S,  and  J.  The  level  differences  can  be  used  to  convert  from  one  system  to 
another.  Por  example,  M  referred  to  t  volt  per  mictonewton  per  square  meter 
will  be  100  dO  tower  than  when  refereed  to  one  volt  per  mictobar.  The  20  log  J 
column  of  Table  3.2  also  can  be  obtained  from  the  conversion  factors  in  Table 
3.1  and  Eq.  (3.44). 
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Table  3.2.  Conversion  factors  or  relative  levels  of  sensitivity,  response, 
and  the  reciprocity  parameter  as  a  function  of  the  reference  pressure. 


Reference 

Pressure 

Conversion  from  1  N/m2 

20  log  M 

20  log  5 

20  log  J 

1  /rN/rn2 

-120 

+120 

-240 

1  nbar 

-20 

+20 

-40 

20  juN/m2  | 
0.0002  pbar  J 

-94 

+94 

-188 

3.1  $.3  Data  consistency 

Calibration,  test,  and  evaluation  data  on  underwater  electroacoustic  trans¬ 
ducers.  like  any  experimental  data,  can  and  should  be  examined  and  analysed 
for  internal  consistency  and  consistency  With  theory.  There  are  many  ways  of 
doing  this,  especially  if  all  voltages  and  currents  are  measured  and  all  responses 
and  sensitivities  are  plotted  as  continuous  functions  of  frequency.  Such  plots  arc 
assumed  in  the  paragraphs  that  follow.  Each  paragraph  describes  the  examina¬ 
tion  and  analysis  associated  with  each  type  or  combinations  of  types  of  data. 

A.  Transducer  Input  or  Out  (Hit  Voltages  and  Currents 
The  basic  raw  data  of  a  measurement  are  several  linos  on  a  strip  chart  repre¬ 
senting  hydrophone  voltage  and  projector  current  or  voltage  as  a  function  of  fre¬ 
quency.  These  plots  are  examined  first  for  evidence  of  the  various  types  of  inter¬ 
ference  discussed  in  Section  3.10.  If,  in  accordance  with  good  practice,  the 
measurements  are  made  at  two  distances  between  the  projector  and  hydrophone, 
the  difference  in  levels  is  cheeked  for  proper  "distance  loss.”  In  a  reciprocity 
calibration  the  "reciprocity  check"  discussed  In  Section  2.3,  Figs.  2,5b  and 
2.5d.  and  Hq.  (3.41)  is  made.  The  projector  voltage  and  current  (or  voltage  pro¬ 
portional  to  current)  of  a  sharply  resonant  transducer  usually  will  peak  or  dip  at 
the  resonance  frequency  unless  the  voltage  is  normalized.  These  peaks  and  dips 
should  be  consistent  with  the  theory  of  Figs.  2.51, 2.53,  and  2.54  in  that  (a)  the 
current  peaks  and  the  voltage  dips  at  the  resonance  of  a  piezoelectric  transducer, 
and  (b)  the  current  dips  and  voltage  peaks  at  the  resonance  of  an  electromag¬ 
netic  transducer. 

13.  Resiktnse  and  SemitMty 

The  surest  test  for  the  validity  of  a  computed  response  or  sensitivity  is  to  ob¬ 
tain  data  by  different  and  independent  methods  and  compare  results.  The  free  field 
reciprocity  and  two-projector  null  methods,  for  example,  would  be  completely 
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independent.  Few  places  have  facilities  for  such  checks  on  measurements. 
More  common  are  semi-independent  techniques  like  comparing  continuous-wave 
and  pulsed-sound  results,  or  examining  results  in  overlapping  frequency  ranges. 
When  a  wide-band  hydrophone  is  calibrated,  the  frequency  range  of  the  measure¬ 
ment  usually  is  limited  by  the  projector.  A  moving-coil  projector  would  be  used 
in  the  audio  range  to,  say,  20  kHz;  typically,  a  piezoelectric  projector  would  be 
used  in  the  range  5  to  50  kHz.  The  two  measurements  would  overlap  in  the 
range  5  to  20  kHz,  and  would  be  semi-independent  in  this  range.  That  is,  some 
of  the  measurement  conditions  would  be  the  same  and  others  would  be  different 
in  the  measurements  in  the  two  ranges.  Repetitive  measurements  also  can  be 
made  to  identify  random  errors.  Agreement  with  theory  as  given  in  Section  5.2 
and  Figs.  S.2a,  S.2b,  and  5.3  should  be  examined.  In  a  resonant  transducer,  the 
free-field  voltage  sensitivity  will  peak  at  a  lower  frequency  than  the  transmitting 
current  response.  This  is  evident  from  the  relationship  20  log  M  -  20  log  S  -  20 
log  J  and  the  fact  that  J  decreases  at  a  6-dB-per-octave  rate.  This  frequency  dif¬ 
ference  is  small  and  not  shown  in  Fig.  5.2,  but  it  may  be  discernible  in  some 
cases. 

C.  Response  and  Sensitivity  versus  Patterns 

If  the  response  or  sensitivity  is  measured  in  two  or  more  directions,  and  if 
directivity  patterns  arc  measured  in  a  plane  including  the  two  or  more  directions, 
the  differences  must  be  consistent.  For  example,  if  a  hydrophone  sensitivity  is 
measured  for  both  tire  acoustic  axis  (X  direction)  and  at  90°  (or  Y  axis  direc¬ 
tion),  and  at  a  given  frequency  the  latter  is  6  dB  lower  than  the  former,  this  same 
6  dB  difference  should  appear  in  the  pattern  at  the  same  frequency. 

D.  Response  versus  Impedance 

Tire  transmitting  current  response  S  and  transmitting  voltage  response  S'  ate 
related  according  to  OSun’s  Law: 

20  log  S  -  20  log  $'  »  20  tog  4  (3.45) 

where  16  is  the  transducer  impedance, 

Equation  (3.45)  is  a  consistency  check  if  the  projector  current,  voltage,  and 
impedance  are  ail  measured.  Sometimes  Uq.  (3.4S)  is  used  to  find  one  of  the 
three  parameters  when  only  the  other  two  are  measured.  It  is  evident  that  in  a 
resonant  transducer,  8  and  S'  will  not  necessarily  jwak  at  the  same  frequency 
because,  as  is  shown  hi  Pig.  2.52,  the  maximuni  Z  is  not  at  the  resonance 
frequency. 

1:.  Patterns 

Patterns  can  be  examined  for  agreement  with  the  theory  of  Section  2.1 1  and 
Pigs.  2.41, 2,42,  and  2.43,  The  width  of  the  main  beam  and  the  difference  in 
level  between  the  main  beam  ami  the  first  minor  lobe  are  die  two  parameters 
that  usually  ate  examined,  lids  requires  some  knowledge  or  at  least  educated 
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guesses  about  the  actual  size  and  configuration  of  the  transducer.  Beam  patterns 
become  narrower  as  the  frequency  increases.  Any  violation  of  this  rule  usually 
indicates  that  a  pattern  is  being  measured  at  a  harmonic  frequency.  Where  pat¬ 
terns  are  measured  in  several  planes,  there  should  be  consistency  between  certain 
levels.  The  front-to-back  differences  in  XY  and  XL  patterns  should  be  the  same. 
The  difference  in  level  in  the  Y  and  Z  axes  directions  should  be  consistent  in  all 
patterns.  If  patterns  are  taken  in  the  three  principal  planes,  then  a  Y  and  Z  axis 
check  would  show  that 

(. XZ  @  90°)  -  (XY&  90°)  =  ( YZ  @  0Q)  -  [YZ&  9(f).  (3.46) 

F.  Impedance 

If  the  transducer  impedance  is  measured  by  more  than  one  technique,  the 
results  should  be  consistent,  of  course.  There  are  three  techniques.  The  "e  and  i 
measure"  calibration  data  give  only  a  general  idea  as  to  the  impedance.  Vector 
impedance  locus  plotters  (VI LP)  automatically  display  impedance  in  the  form 
shown  in  Figs.  2.S2b,  2. S3,  and  2.54.  Such  plots  are  convenient  and  useful,  but 
not  very  accurate.  For  high  accuracy,  impedance  bridges  are  used,  and  the  data 
are  plotted  as  in  Fig.  2.52a.  The  plotted  data  should  be  examined  to  ascertain 
that  maxitnums,  minimums,  and  slopes  are  all  consistent  with  the  theory  as  given 
in  Section  2.13, 

G.  Coupling  Loss 

The  voltage  coupling  loss  is  independent  of  the  acoustic  load  on  a  transducer 
except  near  the  resonance  of  a  sharply  resonant  transducer.  Consequently,  with 
wide-range  hydrophones,  bench  measurements  in  air  should  produce  the  same 
results  as  regular  measurements  in  water.  Since  electrical  grounding  conditions 
often  affect  coupling  loss  measurements,  a  comparison  in.  air  and  water  environ¬ 
ments  is  useful  to  detect  tins  source  of  error.  If  they  do  not  agree,  it  usually 
means  that  the  calibration  resistor  is  being  shunted  by  a  ground  loop  in  one  of 
tlte  two  conditions.  The  coupling  loss  usually  is  approximately  constant  down 
to  a  low  eut-off  frequency  which  is  not  to  be  confused  with  the  sensitivity  cut-off 
frequency  described  in  Section  S.2  and  Pig,  5.3.  Figure  3.72  is  a  simplified 
version  of  Pig.  3.25  showing  the  piezodectirc  generator  and  the  parallel  resist¬ 
ances  and  capacitances  that  load  the  generator.  lixccpt  at  the  very  low  fre¬ 
quencies,  the  resistances  Rx  and  ra  are  much  target  than  the  reactances  1/toQ 
and  l/iot'a,  and  the  coupling  calibration  voltage  et  is  divided  across  tlte  two  re¬ 
actances.  This  division  is  constant  wait  frequency.  At  some  low  frequency, 
typically  I  to  1 00 Hz.  l/u>Ca  becomes  equal  *oA’e.  This  is  the  cut-off  frequency, 
At  frequencies  eelow  the  cut-off,  e,  is  divided  across  A'u  and  1/toCg,  and  the  ratio 
i*<A?a  increases  at  the  rate  6  dU  per  octave  as  the  frequency  is  decreased.  At  a  still 
lower  frequency,  e<  wilt  divide  across  Rf  and  and  the  ratio  e,/eu  again  will 
become  constant,  but  tins  usually  liappetts  at  too  low  a  frequency  to  observe.  An 
unusually  high  cut-off  frequency  indicates  that  is  smaller  titan  usual -as,  for 
example,  when  moisture  gets  into  the  hydrophone. 
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PIEZOELECTRIC  AMPLIFIER 

ELEMENT  INPUT 


Fig.  3.72.  Simplified  coupling  measurement  circuit.  Stray  capacitances  and  leakage  re- 
astanccs  are  lumped  with  Cg  and  Rg  or  with  C„  and  Rj  according  to  whether  they  are  in 
the  crystal  or  the  amplifier  side  of  the  coupling  calibration  voltage. 


H.  Efficiency  and  Other  Parameters 

Various  electroacoustic  parameters,  like  efficiency,  are  functions  of  the 
measured  parameters  response,  sensitivity,  directivity,  and  impedance.  They  are 
obtained  by  computation,  it  follows  that  any  peaks,  dips,  or  anomalies  in  the 
frequency  curves  of  the  measured  parameters  must  appear  in  the  computed 
paramcters-unless,  of  course,  they  coincidentally  cancel  out.  Computed  param¬ 
eters  should  be  examined  for  consistency  in  the  contours  of  the  curves. 


3.1  S.4  Data  accuracy 

Tire  calibration  of  an  underwater  electroacoustic  transducer  is  a  measurement 
of  a  dynamic  system  in  an  unstable  environment.  The  transducer  itself  vibrates 
in  many  complex  ways.  Ideally,  the, electroacoustic  element  itself,  coupling 
fluids,  and  acoustic  windows  vibrate  freely.  At  the  same  time ,  all  other  parts  of  a 
transducer  ideally  do  not  vibrate  at  all,  The  .transducer  ts  expected  jo  be  sensi¬ 
tive  to  dynamic  pressures  of  the  order  of  one  microbes  or  l.S  x  iOv*psi,  and  in¬ 
sensitive  to  static  pressures  of  I03  psi  or  more.  The  water  medium  never  m  the 
boundless,  homogeneous,  and  stable  medium  it  is  assumed  to  be.  It  it  under¬ 
standable,  then,  that  underwater  electroacoustic  measurements  are  not  as 
accurate  and  precise  as  some  other  types  of  calibration  measurements.  , 

Most  activities  wilt  claim  an  accuracy  of  tl  dU  for  a  measurement  on  an  un¬ 
known  transducer  perforated  once,  and  with  only  a  nominal  effort  at  data  exami¬ 
nation  and  analysis.  Where  several  independent,  semi-independent,  and  redundant 
measurements  can  be  made,  accuracy  of  tO.S  dll.  can  be  expected,  and  jreiluqw  in 
some  exceptional  cases  it  may  be  as  good  as  0.2  dB. 
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As  used  here,  accuracy  does  not  have  the  precise  mathematical  meaning  that 
is  possible  when  many  measurements  are  made  and  average  deviations  from  the 
mean  can  be  determined.  It  is  the  kind  of  criterion  one  would  put  in  a  specifica¬ 
tion  and  is  a  measure  of  the  data  spread  under  various  measurement  conditions 
after  the  data  in  each  case  have  been  examined,  analyzed,  and  perhaps  corrected 
for  observed  error. 

In  an  international  round  robin  hydrophone  calibration  program,24  accuracies 
of  ±0.5  dB  to  ±1.5  dB  were  claimed  by  various  participants.  When  the  data  from 
all  the  participants  were  analyzed,  average  deviations  of  0.3  to  0.6  dB  were  found. 
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Chapter  IV 


NEAR-FIELD  METHODS 


4.1  Introduction 

The  low  limit  of  the  frequency  range  in  which  useful  calibration,  test,  or  evalu¬ 
ation  measurements  can  be  made  in  a  small  body  of  water  generally  is  a  function 
of  the  minimum  measurement  distance  set  by  tire  proximity  criteria  of  Section 
3.4.  These  criteria  indicate  that  when  a  transducer  diameter  or  length  amounts  7 
to  several  wavelengths  or  more,  the  minimum  measurement  distance  is  many 
wavelengths.  At  frequencies  of  a  few  kilohertz,  this  distance  becomes  very  large 
and  interference  from  boundaries  illustrated  in  Fig.  3.29  becomes  severe.  It  also 
was  pointed  out  in  Section  3.4  that  whether  continuous-wave  or  pulsed  sound 
signals  are  used,  the  minimum  distance  should  be  used  to  discriminate  against 
boundary  interference. 

It  became  obvious  in  the  late  1950's  that  the  small  lake,  pond,  and  tank  swill- 
ties  of  tits  Navy  were  running  out  of  space  {in  wavelengths)  as  frequencies  of  a 
few  kilohertz  and  large  transducers  were  coming  into  use.  If  conventional  far- 
field  measurements  were  to  continue,  very  large  bodies  of  water  and  vary  large 
and  expensive  facilities  would  be  needed.  The  only  alternative  would  be  to  devise 
measurement  techniques  that  would  change  or  eliminate  the  tree-field  far-fkld 
transducer  proximity  requirement*.  If.  for  example,  one  could  make  measure¬ 
ments  in  the  near  field  or  Fresnel  zone  of  a  transducer  and  extrapolate  the  results 
to  conventional  far -field  patterns  and  response,  a  great  saving  in  space  and  murrey 
could  be  realized. 

Some  basic  mathematical  theory  for  extrapolating  near-field  data  to  fir-field 
patterns  and  response  was  available,*-*  but  had  not  been* used  in  practise.  In 
19555,  the  Navy  Underwater  Sound  Reference  Laboratory  (USftL)  recommended 
t»  the  Office  of  Naval  Research  that  a  study  be  sponsored  at  some  university  with 
tirt  aim  of  extending  and  applying  these  mathamstfcai  concepts  to  the  real  Navy 
problem*  of  making  calibration,  test,  or  evaluation  wieasmements  on  large  sonar 
tr&nsdmm  lit  5959.  Horton,  limbs,  and  Baker  at  tire  Defense  Research  Lahota- 
t»«y  fORL)  of  the  University  of  Texas  undertook  this  task  under. the  joint- 
sponsorship  of  the  Office  of  Naval  Research  and  the  Na^r.Rdteau  of  Ships.  At 
the  same  time,  W.  I,  Trott  at  «w  UliRt  continued  to  ifsvcDip&jfce  **««  prob¬ 
lem  along  lines  that  eventually  led  tqan  array  that  produces  a  near  field  consisting 
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in  part  of  uniform  plane  progressive  waves.  The  two  approaches  to  this  problem 
have  become  known  as  (1)  the  DRL  method,  and  (2)  the  Trott  array.  Both  have 
been  successful,  and  each  is  discussed  in  the  sections  that  follow. 


4.2  Theory  of  DRL  Method 

The  DRL  method  is  based  on  formulas  from  Kirchhoff  and  Helmholtz5-7  and 
the  concept  illustrated  in  Fig.  4.1.  If  a  sound  source  is  completely  enclosed  by  a 
surface  S,  the  pressure  p(P)  at  any  point  P  in  the  space  exterioi  to  S  and  due  to 
the  sound  source  within  S  can  be  determined  by  the  surface  integral 


P(P) 


(4.1) 


where  p(Q)  is  the  complex  pressure  at  a  point  Q  on  the  surface  S,  n  is  the  out¬ 
ward  normal  to  S  at  Q,  b/bn  denotes  differentiation  in  the  normal  direction,  r  is 
the  distance  from  Q  to  P,  and  k  is  the  wave  number.  Equation  (4.1),  known  as 
the  Helmholtz  formula,  is  valid  only  for  the  case  of  sinusoidal  waves. 


The  direct  use  of  the  Helmholtz  formula  requires  that  the  magnitude  and 
phase  of  both  the  pressure  and  pressure  gradient  be  measured  over  the  surface  S. 
The  pressure  gradient  is  difficult  to  measure  with  good  spatial  resolution,  how¬ 
ever,  because  pressure-gradient  hydrophones  generally  have  dimensions  of  2  to 
5  in.  (see  Section  5.12)  and,  in  effect,  measure  the  pressure  gradient  averaged 
over  a  volume  of  8-125  in.3.  Without  a  very  small  or  probe  pressure-gradient 
hydrophone,  the  pressure  gradient  at  a  point  in  a  sound  Held  cannot  bo  ac¬ 
curately  measured.  To  avoid  this  measurement,  it  is  assumed  in  the  DRL  method 
that  the  wave  propagation  at  the  point  Q  is  approximately  plane,  and 


MQ) 


-  ikp(Q). 


(4.2) 
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This  approximation  is  valid  for  surfaces  of  moderate  curvature  over  which  the 
pressure  changes  are  not  sharp.  For  the  case  of  a  cylindrical  wave,  for  example, 
Horton  shows  that  it  is  valid  when  the  diameter  of  the  cylinder  is  5  wavelengths 
or  more .6  Experimental  results  on  large  cylindrical  and  other  transducers  also 
support  the  approximation.  For  general  application  of  the  DRL  method,  how¬ 
ever,  the  approximation  in  Eq.  (4.2)  should  be  examined  whenever  the  transducer 
and  the  surface  S  do  not  constitute  a  large  cylinder  or  sphere. 

A  second  assumption  is  that  r  is  very  large.  This  is  automatically  valid,  of 
course,  if  Eq.  (4.1)  is  being  used  to  compute  far-field  patterns  or  response.  Then 


where  0  is  the  argle  between  the  normal  and  the  line  from  Q  to  P.  Substituting 
Eqs.  (4.2)  and  (4.3)  into  Eq.  (4.1)  and  taking  the  magnitude  of  r  as  approxi¬ 
mately  a  constant  yields 

p(P)  =  (1  +  cos  SDefrpiQW.  (4.4) 

In  any  particular  measurement,  the  magnitudes  of  r  and  k  are  constants,  the 
magnitude  and  phase  of  p(Q)  are  measured  at  closely  spaced  discrete  points  over 
the  surface  5.  0  is  computed  for  every  point  Q  from  the  geometry,  and  Eq.  (4.4) 
is  used  to  determine  p(P).  The  magnitude  of  the  quotient  of  />(/')  on  the  trans¬ 
ducer  acoustic  axis  over  the  current  driving  the  source  is  the  transmitting  current 
response.  For  a  pattern,  p(P)  is  computed  for  a  series  of  points  on  the  arc  of  a 
circle  centered  on  the  source.  The  computations  obviously  are  formidable,  and 
an  electronic  computer  is  necessary  to  make  the  method  feasible;  however,  once 
a  computer  is  programmed  for  a  particular  surface  S,  the  computation  is  easily 
made. 


4.3  Practice  of  URL  Method 

The  practical  use  of  the  DRL  method  is  illustrated  by  some  of  the  work  of 
Baker,7  who  experimented  witli  the  large  cylindrical  transducer  shown  in  Fig.  4,2. 
which  consisted  of  4S  vertical  staves  equally  spaced  about  the  axis.  Measure¬ 
ments  were  made  while  groups  of  12  adjacent  staves  were  driven.  The  surface  of 
integration  was  a  cylinder  )  .25  wavelengths  larger  in  radius  than  the  transducer 
and  slightly  longer  than  the  transducer.  A  calibrated  probe  hydrophone  was  held 
m  a  fixed  position  1 -2SA  from  the  transducer  as  the  transducer  was  rotated  in 
steps  of  3.6a.  The  pressure  and  phase  were  measured  at  100  points  in  a  circle 
around  the  transducer.  The  probe  then  was  moved  upward  to  a  new  level  and 
the  sequence  repeated.  The  surface  of  mtegianon  w«s  not  dosed  in  this  example. 
No  measurements  were  made  above  and  below  the  transducer,  it  was  assumed 
that  the  pressure  above  and  below  the  transducer  was  small  enough  to  be 
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neglected.  Figure  4.3  shows  sample  plots  of  data  obtained  at  one  level  of  the  probe. 
The  separation  between  measuring  points  should  be  less  than  0.8X-a  common  cri¬ 
terion  for  approximating  a  continuous  plane  with  an  array  of  points.  The  experi¬ 
ments  showed  that  greater  separation  in  the  plane  of  a  pattern  being  measured 
introduced  scallops  into  the  pattern;  however,  greater  separation  in  the  orthogonal 
or  vertical  plane  seemed  more  tolerable.  Figure  4.4  shows  a  pattern  computed  by 
the  DRL  method  and  measured  by  conventional  far-field  techniques.  The  agree¬ 
ment  between  angles  of  ±60°  is  quite  good,  even  when  only  one  set  of  100  points 
at  one  probe  level  is  used.  Better  results  are  obtained  if  a  line  hydrophone  is 
used  instead  of  the  probe.  If  the  line  hydrophone  is  as  long  as  the  transducer, 
is  designed  so  that  it  integrates  the  acoustic  signal  along  the  length  of  the  line, 
and  is  positioned  with  the  axis  of  the  line  parallel  to  the  axis  of  the  cylinder,  then 
the  whole  cylinder  is  scanned  in  one  rotation.  The  results  of  such  a  measurement 
are.  shown  in  Fig.  4.5.  A  line  hydrophone  consisting  of  a  series  of  closely  spaced 
discrete  elements  will  integrate  the  signal  when  the  elements  are  electrically  con¬ 
nected  in  series  and  the  output  open-circuit  voltage  is  measured,  or  when  the  ele¬ 
ments  are  connected  in  parallel  and  the  output  short-circuit  current  is  measured. 


opck  turcn 


Fig.  4.2.  Sketch  of  the  Urge  cylindrical  transducer  thawing  near -field 
probe  and  the  position  at  which  three-level  data  were  taken.  (From  refer¬ 
ence?.) 


ttj'  4,3.  Sample  plots  of  1 2 -slave  neai -field  data  showing  the  position  of 
the  aetive  face  of  the  cylindrical  tiansducct.  (t-iow  refetence  7.) 
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FROM  OATA  TAKEN 
AT  I  LEVEL 


FROM  OATA  TAKEN 
AT  4  LEVELS 


•  COMPUTED  POINTS 
—  MEASURED  PATTERN 

Fig.  4.4.  Comparison  of  measured  and  computed  horizontal  far-fleld  patterns  of  the 
cylindrical  transducer-12  active  staves.  (From  reference  7.) 


FROM  DATA  TAKEN  WITH 
LINE  HYDROPHONE 


Fig.  4,5.  Comparison  of  measurod  and  computed  horizontal 
far-fleld  patterns  of  the  cylindrical  transducer-12  active  staves. 
(From  reference  7.) 


Vertical  patterns  computed  from  near-flold  data  with  the  arrangement  in 
Pig.  4.2  require  data  at  closely  spaced  probe  levels.  Figure  4.6  shows  patterns 
computed  from  data  at  27  levels  and  1 1  levels.  Level  separation  in  both  cases 
was  less  than  0.8X. 

Transmitting  response  and  absolute  source  levels  computed  by  the  DRL 
method  agreed  within  11  dB  with  conventional  far-fleld  calibration  measurements. 

Baker  also  made  measurements  on  plane,  dipole,  line,  and  llne-and-cone  trans¬ 
ducers.  Where  there  was  disagreement  with  far-fleld  measurements,  it  was  of  the 
order  of  1  to  2  dB  on  the  main  lobe  and  high  side  lobes  of  the  pattern.  Levels 
on  low  side  lobes,  20  dB  or  more  below  the  axis  level,  generally  were  tco  inaccu¬ 
rate  to  use.  However,  the  same  is  true  for  many  conventional  fer-field  pattern 
measurements.  Accuracy  can  be  improved  by  closer  spacing  of  the  measurement 
points  and  more  complete  scanning  of  the  integration  surface. 

The  DRL  scanning  technique  provides  an  added  benefit  of  identifying  sub¬ 
normal  elements  in  a  multielement  transducer.  Figure  4.7  shows  the  effect  of 
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Fig.  4.6.  Comparison  of  measured  and  computed  vertical 
far-field  patterns  of  the  cylindrical  transducer-six  active 
staves.  (From  reference  7.) 


one  inactive  stave  in  the  transducer  shown  in  Fig.  4.2.  A  near-field  pressure 
anomaly  usually  will  occur  at  the  position  of  the  subnormal  element  causing  the 
anomaly.  Tltis  is  not  always  true,  however,  and  care  must  be  used  in  interpreting 
such  effects.  For  example,  two  subnormal  but  identical  staves  separated  by  one 
normal  stave  could  produce  a  near-field  anomaly  centered  on  the  position  of  the 
normal  stave.  -  •  ' 

When  the  DRL  method  is  used  with  pulsed-sound  techniques,  the  dimensional 
requirements  of  the  volume  of  water  probably  approach  the  practical  minimum. 
Only  the  invention  of  an  ideal  anechoic  coating  that  would  eliminate  boundary 
interference  could  reduce  the  volume  still  further.  Figure  4.8  shows  the  dimen¬ 
sions  used  by  Baker.  The  tank  diameter  is  less  than  3  times  the  transducer  diameter. 

4.4  Trott  Amy  Concept 

In  lus  first  study  of  a  feasible  near-field  technique,  Trott8-9  observed  that 
the  near-  and  far-field  sound  pressures  produced  by  a  large  piston  radiator  were 
related  In  the  same  way  as  the  spherical-wave  and  plane-wave  reciprocity  param¬ 
eters  (see  Sections  2.3.1  and  2.3.5).  If  the  same  transducer  is  effectively  a  point 
on  a  spherical  wave,  as  is  assumed  in  a  conventional  spherical-wave  reciprocity 
calibration,  or  a  plane  on  a  plane  wave,  as  is  assumed  in  a  plane-wave  reciprocity 
calibration,  the  free-field  voltage  sensitivity  M  will  be  the  same  in  each  case.  The 
transmitting  response  S,  however,  depends  on  the  mode  and  extent  of  the  wave 
propagation-  Titus, 

M  >  c  Vi  (4.5) 

where  J  Is  the  reciprocity  parameter  and  the  subscripts  p  and  s  pertain  to  plane- 
arid  spherical-wave  conditions,  respectively.  The  near  field  of  a  large  circular 
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Fig.  4.7.  Near-field  pressure-amplitude  data  for  48  and  47  active  staves  of  the 
cylindrical  transducer.  (From  reference  7.) 


piston  radiator  consists  essentially  of  a  collimated  beam  of  sound  energy  as 
shown  in  Fig.  4.9.  The  average  pressure  p*/inany  cross-sectional  near-fleld  area 
of  the  beam  is  constant,  and  thus  the  near  field  approximates  a  collimated  beam 
of  uniform  plane  progressive  waves.10.il  By  Eq.  (4.S),  the  far-field  pressure  pff 
from  the  same  large  circular  piston  transducer  being  driven  by  the  same  current 
as  for  ptf  then  is  related  to 


where  is  the  reference  distance  in  the  definition  of  St,  X  is  the  wavelength,  and 
S  is  the  cross-sectional  area. 

With  a  similar  argument  and  use  of  the  cylindrical-wave  reciprocity  parameter 
(see  Section  2.3.4),  the  far-field  to  near-field  pressure  ratio  for  a  line  or  thin 
cylinder  transducer  can  be  shown  to  be  LrjV4/r|X*,  where  r2  is  the  reference  dis¬ 
tance  for  the  cylindrical-wave  transmitting  response  and  L  is  the  line  transducer 
length. 

As  in  the  DRL  method,  the  average  near-field  pressure  was  obtained  with  a 
scanning  and  integrating  technique  using  a  point  or  line  hydrophone. 
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PISTON  NEAR- FI  ELD 


Fig.  4.9.  Near  and  far  field  of  piston  transducer;  Sp  =  pnjji, 
Ss  °  Pfjit. 


The  reciprocity  parameter  approach  actually  was  equivalent  to  a  special  case 
of  the  DRL  or  Kirchhoff-Helmholtz  method.  If  we  let  cos  0  -  1  in  Eq.  (4.4),  the 
magnitude  of  the  integral  becomes 

JJ  2 pms  =  2 PnfS,  (4.7) 

or 

\P(P)\  =  1P//I  ■  (j~)(2PnfS),  (4.8) 

and 


Equation  (4.9)  is  the  same  as  Eq.  (4.6). 

Instead  of  expanding  from  a  special  to  the  more  general  case  of  the  Kirchhoff- 
Helmholtz  formula  or  the  DRL  method  with  its  computational  problems,  Trott 
took  a  different  approach.  He  reversed  the  projector-hydrophone  relationship 
and  visualized  the  scanning  transducer  as  a  point  source  that  would,  with  integra¬ 
tion  over  a  period  of  time,  construct  a  plane  wavo  according  to  the  classical 
Huygens  wavelet  concept.  If  the  plane  scanning  area  were  large  enough,  the 
Integrated  sound  pressure  acting  on  tire  unknown  transducer  would  be  in¬ 
distinguishable  from  the  sound  pressure  in  a  plane  progressive  wave.  The  ques¬ 
tion  then  is:  How  large  is  large  enough?  In  attacking  this  question,  Trott 
dispensed  with  the  scanning  and  computational  integration  entirely  by  conceiving 
a  large  multielement  array  of  small  sources.  As  a  projector,  each  element  or 
small  source  would  produce  Huygens  wavelets.  The  elements  would  be  both 
small  enough  arid  widely  spaced  enough  so  that  the  array  would  be  acoustically 
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transparent.  Then  there  would  be  no  standing  waves  between  the  array  and  the 
unknown  transducer,  nor  would  the  near  presence  cf  the  array  affect  the  radia¬ 
tion  impedance  of  the  unknown.  The  element  spacing  would  still  have  to  be 
0.8X  or  less  for  the  array  to  simulate  a  uniform  plane  source.  The  array  would 
not  be  rigorously  consistent  with  the  Huygens  wavelet  concept,  because  it  would 
transmit  in  two  opposite  directions.  Huygens’  principle  imposes  a  directivity 
function  (1  +  cos  (3)  on  each  wavelet  source-the  same  function  as  used  in 
Eq.  (4.4).  Such  directivity  can  be  designed  into  a  transducer,  but  practical  diffi¬ 
culties  outweigh  the  advantages  of  a  unidirectional  array. 

An  unknown  transducer  could  be  placed  very  close  to  such  an  array  as  shown 
in  Fig.  4.10.  The  array  would  simulate  an  incident  plane  progressive  wave.  Con¬ 
ventional  measurements  then  would  be  made  with  continuous-wave  or  pulsed- 
sound  signals  with  virtually  no  separation  of  the  array  projector  and  unknown 
hydrophones.  As  in  the  DRL  method,  the  whole  electroacoustic  system  would 
be  linear,  passive,  and  reciprocal,  so  the  direction  of  signal  propagation  could  be 
reversed  without  invalidating  the  theory  or  the  measurement  data.  That  is,  the 
unknown  could  transmit  and  the  array  receive  the  acoustic  signal. 

Returning  to  the  question  of  how  large  the  array  must  be  so  as  to  simulate  the 
effect  of  an  infinite  array  on  an  unknown  transducer,  we  find  that  various 
authors  show  how  this  can  be  answered  if  the  hydrophone  is  small  or  effectively 
a  point. 

Rayleigh’s  description12  of  Huygens’  principle  states  that  a  plane  wave  of  in¬ 
finite  extent  can  be  replaced  by  the  area  of  the  first  half-wave  Fresnel  zone 
(rrXx0)  with  the  amplitude  attenuated  by  the  factor  1/ir,  insofar  as  the  effect  at  a 
point  a  distance  x0  in  front  of  the  plane  is  concerned. 

Stenzel12  shows  that  the  pressure  on  the  axis  of  a  circular  piston  source  is 
given  by 

p  °  peue-i**  -  pcue-M' o**2)*,  (4.10) 

where  pc  is  the  characteristic  impedance  of  the  medium,  u  is  the  vibration  velocity 
of  the  source,  r0  is  the  piston  radius,  and  x  is  the  axial  distance.  The  first  term 
on  the  right-hand  side  of  Eq,  (4.10)  represents  the  pressure  in  an  infinite  plane 
wave  with  velocity  amplitude  u.  The  second  term  represents  a  signal  that  appears 
to  emanate  from  the  edge  of  the  piston  and  interferes  with  the  plane-wave  com¬ 
ponent,  causing  tho  near-field  axial  interference.  If  the  edge  diffraction  or  second 
part  could  bo  cancelled  out  by  superimposing  an  out-of-phase  ring  source  at  the 
piston  edge,  the  axial  pressure  in  the  near  field  would  be  uniform.  A  point 
hydrophone  on  the  axis  then  would  be  subject  only  to  the  effective  plane-wave 
component. 

Uniform  sound  pressure  in  the  near  field  on  the  axis  is  available  directly  with 
(woodier  radiator  configurations,  von  Haseibergand  Krautkriimer14  have  shown 
that  a  piano  circular  radiator  with  the  vibration  amplitude  distributed  radially  or 
“shaded"  according  to  a  Gaussian  function  cmfi  produces  a  constant  pressure  on 
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the  axis  in  the  near  field.  It  also  has  no  minor  lobes  in  the  far-field  pattern, 
von  Haselberg  and  Krautkramer  point  out  that  the  requirements  for  freedom  of 
the  directivity  pattern  from  minor  lobes  and  freedom  from  undulation  in  the  near 
field  seem  to  be  identical.  All  evidence  supports  this  relationship  between  the 
near-field  and  far-field  patterns,  and  Trott  used  this  as  a  guide  in  developing  his 
array.  In  particular,  this  guide  identified  a  line  of  points  with  binomial 
coefficient  shading  as  another  type  of  radiator  with  a  smooth  near  field,  It  has 
been  known  in  radio  antenna  theory15  that  a  line  of  n  point  radiators,  with  half¬ 
wavelength  spacing,  and  the  source  strength  of  the  points  set  proportional  to 
the  coefficients  of  the  binomial  expansion  (3  +  b)n~l ,  has  a  pattern  in  the  plane  of 
the  line  with  no  side  lobes. .  It  follows,  then,  that  the  axial  pressure  in  the  near 
field  of  such  a  radiator  will  be  free  of  undulations.  A  line  source  would  have 
.  two-dimensional  spreading  even  in  the  near  field,  of  course.  The  axial  pressure 
would  be  inversely  proportional  to  the  square  root  of  the  axial  distance  rather 
than  constant.  To  obtain  a  constant  field,  the  binomial  line  concept  must  be 
extrapolated  to  a  plane  source.  Unlike  the  Gaussian  radiator  that  is  continuous 
and  infinite,  the  binomial  line  is  discrete  and  finite,  and  a  good  basis  for  the  real 
array  design  discussed  in  the  next  section. 

All  of  the  theory  here  has  been  limited  to  the  near-field  pressure  at  a  point  or 
on  the  axis.  The  extension  of  the  near-field  uniform  pressure  to  a  volume  large 
enough  to  accommodate  a  sonar  transducer  was  the  essence  of  the  Trott  array 
design. 


4.5  Trott  Array  Design 

The  Trott  Array  design16'17  is  based  on  a  replication  of  m  number  of  line 
arrays  each  consisting  of  equally  spaced  points  with  sourco  strengths  (or  volume 
velocities)  proportional  to  the  coefficients  of  tire  expansion  of  a  binomial  of  the 
«*th  power.  To  take  a  simple  example,  if «  3  2,  the  coefficients  of  the  expansion 
of  (a  +  h)J  arc  1 ,2,1 .  A  line  consisting  of  three  point  sources,  with  relative  source 
strengths  1,2,1  and  separated  by  half  wavelengths  will  produce  a  smooth  or  non¬ 
undulating  axial  sound  pressure  and  its  directivity  pattern  will  not  have  any  side 
lobes.  The  pattern  from  any  such  blnomiul  shaded  line  is  given  by  cos’*  0,  where 
0 "  (mi IX)  sin  0,d  is  the  element  separation,  and  0  is  the  pattern  angle.  When 
(i  *  XI 2,  then  0 m  (rr/2)  sin  0.  It  can  be  seen  that  as  0  varies  from  0  to  90°,  cos  0 
decreases  smoothly  from  I  to  zero,  or  the  pattern  has  no  side  lobes.  The  function 
cos"  0  also  will  decrease  smoothly  from  1  to  0,  and  the  pattern  also  will  be  free 
of  side  lobes.  The  function  will  decrease  more  rapidly  and  the  beamwidth  will 
become  narrower  as  n  increases. 

To  obtain  pressure  uniformity  in  a  transverse  direction,  or  off  the  axis,  m 
number  of  these  basic  binomial  tines  are  figuratively  placed  side  by  side  with  the 
separation  d,  Then,  using  the  acoustic  superposition  concept,  the  source 
strengths  at  each  position  are  summed  as  shown  in  Fig.  4.11,  where  m  “  6  is 
used.  The  directivity  pattern  of  m  uniform  points  is  given  by  Eq.  (2.5)  as 
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(sin  twp)l(m  sin  0).  The  pattern  of  the  replicated  line,  according  to  the  Bridge 
product  theorem  given  in  Section  2.1 1.1,  is  the  product 


P(0) 


sin  m<t> 
m  sin  0 


COS"  0. 


(4.11) 


The  term  (sin  m0)/(/n  sin  0)  is  zero  whenever  m<$>  -  2 n,  4ir,  6n . The  side 

lobes  as  shown  in  Fig.  2.42  are  rather  high;  consequently,  the  pattern  given  by 
Eq.  (4.11)  will  have  side  lobes  also,  but  they  will  be  reduced  in  amplitude  by  the 
cos”  0  term.  This  effect  is  shown  for  the  case  n  =  2,  m  =  6,  and  d  -  \J2,  in 
Fig.  4.12. 


i  2  i 

i  2  • 

Fig.  4.1 1.  Replication  of  6  lines  with  binomial 
coefficient  shading  for  the  power  2  and  sum¬ 
mation  of  the  coefficients. 

i  2  i 


I  S  4  4  4  4  3  I 


Complete  elimination  of  side  lobes  is  not  necessarily  the  optimal  condition  for 
obtaining  maximum  uniformity  in  the  near  field.  Figure  4.13  illustrates  how 
small  undulations  in  the  axial  pressure  can  provide  a  larger  region  of  uniform 
pressure  in  practice,  if  small  but  realistic  limits  are  placed  on  the  uniformity. 
Trott  retained  one  small  side  lobe  in  the  pattern,  or  small  undulations  in  the 
near-field  pressure  to  extend  the  limits  of  his  uniform-pressure  volume.  The  ex¬ 
tension  effect  applies  to  the  transverse  as  well  as  the  axial  direction.  Optimizing 
the  values  of  m  and  w,  so  that  the  maximum  plane-wave  region  is  obtained  with 
the  minimum  sacrifice  in  pressure  uniformity,  is  the  principal  design  problem 
with  the  Trott  array. 

The  sequence  of  numbers  describing  the  relative  source  strengths,  as  for 
example  1 , 3, 4, 4, 4, 4, 3, 1  in  Fig.  4,1 1 ,  is  referred  to  as  Trott's  shading  func¬ 
tion.  It  usually  is  normalized  to  one  so  that  the  shading  function  from  Fig.  4.1 1 
would  be  given  as  0.25. 0.75, 1 .00. 1 .00, 1 .00, 1 .00, 0.7$,  0.25, 

The  design  of  a  plane  array  is  obtained  from  the  replicated  line  concept  by 
using  the  product  of  a  horizontal  and  a  vertical  line.  With  the  Trott  shading  func¬ 
tion  used  as  shown  in  Fig.  4.14,  tire  source  strength  of  each  element  m  a  plane 
array  is  proportional  to  the  product  (/(*))  |/00)«  where  /(*)  is  lire  shading  Ante* 
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Fin.  4.1 2.  Patterns  of  radiator*  consisting  of  <») »  Unc  of  3  palm* 
with  half-wavelength  spacing  and  shaded  according  te  1-2.1  (the 
binomial  coefficient*  for  a  power  of  2),  and  with  the  pattern  func¬ 
tion  pi9) »  «m*  (Vi«  tin  9),  (b)a  Urw  of  6  uniform  point*  with  half- 
wawkagthspaelng  ml  pattern  function 


m  - 


»in|6(Vi«)tina) 

rsntrant  * 


(e)  a  tine  of  ft  potm*  with  ha!f*wawknjih  ipadnjt  and  tiutsed 
according  (a  |*344-4*4-}-l  (tee  Fig-  4.11),  and  with  a  pattern 
function  equal  u>  the  product  of  (at  and  (b). 


lf/(.v)  and  /(y)  wote  Cauitian  funetiotti  of  the  form  f  “*'2 ,  where  kiii  enmtant 
and  t  it  the  tadtal  distance.  tins  would  tovuli  in  an  array  witlt  circular  symmetry 
of  source  strength,  For  a  Trott  shading  function,  only  approximately  circular 
symmetry  is  obtained. 

Pttittt  live  tcplteatsddnti?  desist  approach,  the  width  ill  the  uniform  pressure 
volume  would  be  assumed  to  cortespetid  at  least  approximately  to  the  width  of 
Utc  array  area  tliat  war  unduded  or  (tad  Utc  maximum  and  constant  shading 


AXIAL  POSITION 


Fig.  4.13.  Typical  pressure  on  the  axis  of  a  circular  piston  that  has  a  far-field 
directivity  pattern  with  no  side  lobes  (solid  line)  and  with  small  side  lobes 
(dashed  line). 


Fig.  4.14.  One  quadrant  of  a  plane  array  in  which  the  source  strength 
of  each  element  is  proportional  to  tire  product  (/(*))  [/O')) . 
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coefficient  of  1.00.  Experience  has  shown  that  if  a  uniformity  criterion  of 
±1  dB  is  used,  the  uniform-pressure  region  extends  outward  to  the  0.80  shading 
coefficient  position.  The  width  of  the  unshaded  region  is  given  in  units  of  ele¬ 
ment  spacing  d  by  (m  -  «),  provided  that  n  is  not  too  large.  For  n  =  7,  the 
smallest  binomial  coefficient  is  l/35th  of  the  largest.  For  n  =  10,  the  smallest  is 
1 /252nd  of  the  largest.  These  small  coefficients  make  negligible  contributions 
to  the  constant  shading  function  in  the  center;  consequently,  the  width  of  the 
unshaded  region  is  given  by  ( m-n )  or  (m  -  10),  whichever  is  larger.  It  does  not 
necessarily  follow  that  n  never  is  larger  than  10.  The  contour  of  the  shading 
function  as  it  decreases  from  1.0  to  zero  determines  how  completely  the  edge 
diffraction,  or  second  term  in  Eq.  (4.10)  is  canceled  out.  Lysanovl8  has  shown 
that  for  a  straightedge,  this  contour  is  all  important.  The  contour  of  the  shading 
function  outside  of  the  constant  region  in  the  center  is  a  function  of  n  alone 
(see  Fig.  4.11  for  example),  and  the  small  peripheral  binomial  coefficients  for 
large  values  of  n  can  affect  the  contour. 

The  depth  of  the  uniform-pressure  region  generally  is  greater  than  the  width 
for  any  practical  case  of  the  Trott  array;  therefore,  the  region  depth  requirement 
does  not  affect  the  design.  Trott  has  found  experimentally  that  the  depth  is 
approximately  r2/X,  where  r  is  as  shown  in  Fig.  4.15. 
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Fig.  4. IS,  Element  shading  for  m  *  9  and  «  «  S  and  equivalent 
uniform  piston  and  concentric  ring  configuration.  Numbers  in  tings 
are  proportional  to  ring  source  strength  deruity. 
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It  has  been  assumed  in  the  concept  and  design  theory  up  to  this  point  that  the 
element  spacing  is  equal  to  a  half-wavelength.  Trott  determined  the  useful  band¬ 
width  of  an  array,  as  well  as  the  optimal  values  of  m  and  n,  by  calculating  the 
sound  pressure  at  the  center  of  the  array.  It  was  assumed  that  the  maximum  vari¬ 
ation  in  sound  pressure  amplitude  in  the  near  field  of  a  circular  radiator  was  on 
the  axis  or  in  the  center  near  the  radiator.  This  assumption  is  supported  by  the 
theory  of  Stenzel13  and  Lysanov.18  Trott  used  the  mathematical  model  illus¬ 
trated  by  the  drawing  in  Fig.  4.15  as  the  basis  for  his  calculation.  The  array  was 
assumed  to  be  equivalent  to  a  uniform  piston  radiator  with  a  radius  equal  to  the 
distance  from  the  center  to  the  element  position  with  a  shading  value  of  0.50, 
plus  a  series  of  concentric  ring  sources  superimposed  on  this  piston.  The  source 
strength  of  the  ring  was  selected  so  that,  where  the  ring  and  piston  overlapped, 
the  total  source  strength  density  was  equal  to  the  shading  coefficient.  For  the 
inner  rings,  this  requires  a  negative  inner  ring  source  strength.  In  this  computa¬ 
tional  approach,  the  rings  are  intended  to  cancel  the  edge  diffraction  from  the 
piston,  as  was  suggested  by  Eq.  (4.10).  Trott  shows  that  the  normalized  pressure 
at  the  center  for  an  array  where  n  is  odd,  r  is  the  piston  radius,  and  w„  is  the 
source  strength  density  of  the  n-th  rings,  is 

p-  sin  kr  +  /(cos  Vt kd  -  cos  kr  -  4wj  sin  Vtkd  sin  kd 

-4w2  sin  'Akd  sin  2kd  -  4w3  sin  lAkd  sin  3 kd  (4.12) 

For  n  even,  r  is  taken  as  the  radius  to  the  point  half  way  between  the  elements 
with  the  shading  value  0.50  on  either  side,  and  the  pressure  is 

p  =  sin  &•+/(!  --cosfo,-4w,  sin  Wed  sin  (Ukd) 

-4wj  sin  Akd  sin  3 QAkd) 

-4w3  sin  'hkd  sin  S(S4fa/)  (4. 1 3) 

Figure  4.16  shows  plots  of  p  computed  with  Eq.  (4.12)  for  n  a  5  and  several 
values  of  m,  The  plot  is  symmetrical  about  the  idealized  value  d  =  0.5X.  From 
curves  as  in  Fig.  4,16,  Trott  selected  optimum  values  of  m  and  n.  Figure  4.16 
shows,  for  example,  that,  among  the  curves  plotted,  m  =  9  gives  the  maximum 
bandwidth,  if  a  uniformity  limit  of  1 1  dB  is  acceptable. 

A  more  direct  approach  is  possible  if  one  has  access  to  a  large  computer.  The 
near  field  of  an  array  can  be  computed  on  a  point-by-point  basis  for  a  variety  of 
values  of  m  and  «,  This  has  been  done,19  and  Fig.  4.17  is  typical  of  some  of  the 
results.  The  computations  show  that  pressure  amplitude  uniformity  within 
tS%  is  attainable  over  half  the  width  of  the  array  at  the  low  end  of  the  frequency 
range.  Phase  measurements  generally  show  phase  uniformity  within  t5°  over  an 
area  greater  than  that  for  amplitude  uniforndty. 
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m  _ SHADING  FUNCTIONS _ 

6  0.03,0.19, 0.5,0.81,0.97  (0.97,  0.81,0.3,0.19,0.03 

7  0.03, 0.19,0.9, 0.8 1, 0.97, I  j  1,0.97, 0.$l,  0.5, 0.19, 0.03 

9  0.03,0.19,0.5,0.81,0.97,1,1 11,1,0.97,0.81,0.8,0.19,0.03 

II  0.03,0.19,0.5,0.81,0.97,1,1,1  !  1, 1,1,0.97,  0.81,0  5,0.19,  0.03 

4 

Fig.  4.16.  Relative  sound  pressure  level  at  the  center  of  shaded 
circular-symmetry  area  arrays,  computed  from  Eq.  (4.14). 


Trott  has  determined  from  experience  that  (1)  the  width  and  height  of  an 
array  should  be  twice  that  of  the  transducer  to  be  immersed  in  the  near  sound 
field  and  calibrated,  (2)  the  minimum  number  of  elements  is  set  by  the  0.8X 
spacing  requirement  at  the  highest  frequency,  (3)  the  minimum  or  cutoff  shading 
coefficient,  below  which  peripheral  elements  can  be  deleted,  is  0.03,  and  (4)  the 
source  strength  of  the  elements  half  way  from  the  center  to  the  edge  should  be 
between  0.94  and  0.98,  and  the  edge  of  the  uniform  plane-wave  region  varies 
from  the  position  of  these  elements  to  those  of  0.80  source  strength,  depending 
on  how  "uniformity"  and  "edge"  are  defined. 

The  sequence  of  steps  in  selecting  a  shading  function  is  illustrated  by  tho 
following  example.  Suppose  it  is  desired  to  obtain  a  uniform  plane-wave  area 
12X  by  12X.  From  the  upper  frequency  limit  criterion  that  the  element  spacing 
should  bo  d  -  0,8X,  the  constant-pressure  region  or  constant-shading  function 
dimension  is  obtained:  12X/Q.8X  =  1  Sc/.  The  total  width  then  will  be  twice  the 
constant-pressure  region,  or  30 d.  The  total  width  also  is  given  by  m  4-  n. 
Thus 


m  +  n  3  30, 


(4.14) 


aud 


m  -  n  »  !5.  (4.15) 

From  these  equations,  m  should  be  22  or  23,  and  a  >  7.  Those  aetuully  are  rules 
of  thumb,  and  various  combinations  near  these  numbers  should  bo  examined  as 
in  Figs.  4. 16  or  4. 17. 


17a.  Computed  relative  pressure  in  one  quadrant  of  a  plane  in  the  near  field  of  the  NRL  Seneca  Lake 
(From  reference  19.) 


Fig.  4.17b.  Computed  relative  phase  of  sound  pressure  in  one  quadrant 
Seneca  Lake  array.  (From  reference  19.) 
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The  shading  functions  are  conveniently  available  from  tables  of  the  partial 
sums  of  the  binomial  probability  distribution  for  r  occurrences  in  n  independent 
trials  when  the  probability  in  any  single  trial  is  14. 

The  n  in  these  tables  corresponds  to  the  binomial  power  n  used  in  array  design. 
The  r  corresponds  to  the  shading  function  term,  with  the  largest  r  corresponding 
to  the  smallest  term.  For  example,  from  pages  199  and  200  of  reference  20  for  a 
probability  of  0.50,  and  n  -  5,  the  five  terms  are  given  as  0.03125,  0.1875, 
0.5000,  0.8125,  and  0.9687.  When  these  numbers  are  rounded  off  to  two  sig¬ 
nificant  figures,  the  results  are  as  shown  in  Fig.  4.16.  As  noted  previously,  this 
part  of  the  shading  function  is  independent  of  m. 

Figure  4.18  shows  the  first  near-field  array  designed  by  Trott,  the  USRD 
type  H33-6.  It  consisted  of  140  capped  PZT4  ceramic  cylinders,  each  14  in.  in 
diameter,  Hin.  long,  and  1/8  in.  wall  thickness.  The  cylinders  were  spaced  10  cm 
apart  in  oil-filled  tygon  plastic  tubes,  also  spaced  10  cm  apart.  The  elements  are 
electrically  connected  in  parallel,  and  shading  is  provided  by  series-connected 
capacitors  functioning  as  voltage  dividers.  The  acoustical  resonance  frequency  is 
70  kHz— well  above  the  4-12  kHz  range  in  which  the  array  is  used.  The  ceramic 
elements  thus  function  as  electrical  capacitors  and  mechanical  springs.  The 
array  is  1 12  cm  square  and  mounted  between  wire  screens  for  electrical  shielding. 
The  four  corner  elements  of  the  square  were  deleted.  The  shading  is  based  on 
m  =  9  and  n  =  5,  selected  on  the  basis  of  Fig.  4.16.  Figure  4.19  is  a  sound  field 
contour  map  of  the  measured  relative  pressure  amplitude  in  the  near  field  at  the 
center  frequency.  The  width  of  the  uniform  pressure  region  is  60  to  70  cm, 
whereas  the  unshaded  dimensions  of  the  array,  given  by  (m  -  n),  is  only  four 
spaces  or  40  cm.  Part  of  this  extended  field  is  due  to  the  somewhat  arbitrary 
definition  of  uniformity.  The  element  shaded  by  0.97  is  within  0.5  dB  of  1.00 
and  one  would  for  this  reason  expect  uniformity  within  ±0.5  dB  to  extend 
beyond  the  unshaded  element  positions.  The  wjdth  of  the  region  uniform  within 
±1  dB  extends  to  about  the  position  of  the  0.80  shaded  element.  A  second  reason 
for  the  extended  uniform  field  is  the  effect  illustrated  by  Fig.  4. 13— that  is,  the 
deliberate  inclusion  of  small  far-field  pattern  side  lobes  or  small  near-field 
pressure  undulations. 

Figure  4.20  and  Table  4.1  show  calibration  data  obtained  with  the  H33-6  array 
and  with  conventional  far-field  techniques.  The  near-field  data  actually  appear 
more  consistent  and  reasonable  than  the  far-field  data.  Both  Baker  and  Trott 
came  to  have  more  confidence  in  their  near-field  measurements  than  they  did  in 
far-field  measurements. 

Figure  4.21  shows  Trott’s  second  array,  USRD  typo  H33-10.  It  consisted  of 
21  vertical  and  parallel  lines.  Each  line  was  10  ft  long  with  26  elements  414  in. 
apart. 

The  shading  was  based  on  m  a  1 1  and  «  =  5.  Vertical  shading  is  designed  into 
tho  elements  in  each  line,  and  horizontal  shading  is  applied  to  the  complete  lines. 
The  separation  between  linos  is  adjustable,  and  this  provides  some  adjustment  of 
the  frequency  range  for  transducers,  such  as  a  horizontal  lino,  that  are  wide  but 
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Fig.  4.19.  Near  sound  field  of  the  H33-6 
array  at  8  kHz. 
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Fig.  4.20.  Directivity  patterns  measured  on  the  same  transducer  by  far-field  and  near' 
field  methods. 
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Table  4.1 .  Free-fleld  voltage  sensitivity  (in  dB  re  1  V/qbar)  of  cylin¬ 
drical  transducer  measured  through  beam-forming  network. 


Freq. 

(kHz) 

Measured  in 
far  field 

Measured  in 
near  field 

Meas.  1 

Meas.  2 

Meas.  1 

Meas.  2 

6 

-120.5 

-119.7 

-121.1 

-121.0 

7 

-117.1 

-115.8 

-116.9 

8 

-112.0 

-110.8 

HUS 

9 

-106.9 

-105.3 

-106.3 

-106.5 

-101.1 

-99.6 

-100.6 

101.1 

-95.0 

-93.2 

-94.4 

-95.3 

K9 

-89.1 

-87.6 

-88.9 

-89.7 

■91 

-95.7 

-94.7 

-97.0 

-97.2 

not  high.  The  useful  frequency  range  is  1.5  to  10  kHz.  The  near-field  pressure  is 
uniform  5  ft  in  the  vertical  direction,  and  4  to  14  ft  in  the  horizontal  direction, 
depending  on  the  line  separation.  Some  design  details  of  the  elements  and  lines 
are  shown  in  Figs.  4.22  and  4.23.  Where  the  shading  coefficients  were  near  to 
1 .00  and  very  large  series  capacitors  would  be  needed,  shading  was  accomplished 
instead  by  removing  part  of  the  electrodes  on  the  ceramic  elements.  (More 
design  detail  is  available  in  reference  17.) 

Figure  4.24  shows  a  very  large  near-field  array  designed  for  calibrating  large 
sonar  transducers  at  the  Lake  Seneca  Facility  of  the  Naval  Research  Laboratory. 
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Fig.  4.22.  Construction  details  of  near-fiold  array  line  transducer  type  H  33-10. 
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4.6  Calibration  Methodology 

The  DRL  method  requires  the  use  of  a  calibrated  probe  hydrophone  for  a 
direct  measurement  of  the  pressure  amplitude  and  phase.  These  are  inserted  into 
Eq.  (4.4)  as  p(Q)  in  the  form  \p\e~l6 ,  where  Q  is  the  phase  angle  in  radians.  The 
phase  angle  is  measured  against  an  arbitrary  reference  signal.  To  avoid  errors 
caused  by  instability  in  the  electronic  oscillator  that  generates  the  transducer 
signal,  the  reference  phase  signal  should  be  the  input  signal  into  the  transducer. 
In  addition  to  \p\el°,  various  dimensions  and  angles  must  be  measured  to  obtain 
0  and  r  in  Eq.  (4.4).  The  value  of  r  cannot  be  approximated  as  a  constant  in  a 
phase  term  like  e-P*.  The  speed  of  sound  and  the  frequency  must  be  known  to 
obtain  the  wave  number  k  =  t o/c.  The  computation  with  Eq,  (4.4)  yields  the  far- 
field  transmitted  sound  pressure  in  absolute  terms  so  that  the  source  level  or 
transmitting  response  can  be  determined,  or  in  relative  terms  so  that  a  directivity 
pattern  can  be  drawn.  (Source  level  is  a  measure  of  the  output  pressure  of  a  sonar 
projector  at  the  distance  one  meter  without  reference  to  a  projector  input 
parameter  like  voltage  or  current.) 

The  electroacoustic  system  used  in  the  DRL  method  can  be  linear,  passive,  and 
reciprocal.  Theoretically,  the  scanning  probe  could  be  a  calibrated  projector  and 
tire  unknown  transducer  could  be  the  hydrophone.  Equation  (4,4)  could  bo 
modified  to  yield  a  free-ftcld  voltage  sensitivity.  This  technique  is  not  used  because 
of  practical  difficulties  in  obtaining  and  using  a  calibrated  probe  projector.  In 
any  case,  it  would  be  easier  to  verify  that  the  unknown  transducer  is  reciprocal 
in  some  other  independent  measurement,  and  then  compute  tire  free-fleld 
voltage  sensitivity  from  the  transmitting  current  response  and  tho  spherical-wave 
reciprocity  parameter. 

The  methodology  for  the  use  of  the  Trott  array  is  essentially  the  suite  as  that 
for  conventional  measurements  discussed  hi  Sections  2.2.1  and  2.2.2.  The  free¬ 
hold  voltage  sensitivity  M,  of  an  unknown  transducer  is  obtained  by  a  simple 
comparison  calibration.  The  Trott  array  is  used  as  a  projector.  The  unknown 
and  a  calibrated  standard  hydrophone  ate  Immersed,  in  turn,  in  the  uniform  plane 
progressive  wave  in  the  near  Held  of  tite  array.  Then, 

“  $%)**'  (4‘l6> 

where  M#  is  the  free-fleld  voltage  sensitivity  of  the  standard,  and  e#  and  e*  ate 
the  open-circuit  output  voltages  of  tlte  standard  and  the  unknown,  respectively. 
If  the  unknown  transducer  is  large  and  the  standard  hydrophone  is  small,  ew 
should  be  measured  at  several  positions  in  tire  array  near  field  and  an  average 
used.  Repetitive  averaging  can  be  avoided  by  establishing  a  near-held  plane-wave 
transmitting  current  response  SA  of  tlte  Trott  array  by  probing  tlte  near  field 
with  a  standard  hydrophone  of  sensitivity  My. 
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(4.17) 


where  iA  is  the  input  current  to  the  array.  Then,  if  the  aray  is  used  as  a  standard 
projector, 


(4.18) 


If  the  unknown  transducer  is  reciprocal,  its  transmitting  current  response  Sx 
can  be  obtained  by  measuring  Mx  and  computing  Sx  from  the  conventional 
spherical-wave  reciprocity  relation  Mx/Sx  ~  Jt  -  2 d\/pc  (see  Fig.  3.70).  As  in 
conventional  reciprocity  measurements,  the  reciprocity  check  discussed  in 
Section  2.3  can  be  used  to  determine  whether  the  unknown  transducer  is 
reciprocal.  That  is,  the  unknown  can  be  driven  with  current  ix  and  the  array 
output  voltage  eA  measured.  Then,  if  eA/ix  =  ex/iA ,  both  transducers  are 
reciprocal. 

If  a  nonreciprocal  source  is  being  calibrated,  the  transmitting  current  response 
Sx  is  obtained  from  Trott's  equation17 


(4-19) 


The  product  SAJt  is  equivalent  to  an  array  receiving  sensitivity  that  can  be 
mathematically  defined  as  MA  ■«  SAJr  Equation  (4.19)  tlien  would  become 


life 1 


(4.20) 


aid  Itavc  the  same  form  as  Eq.  (4, 17).  The  array  then  would  be  used  as  a  standard 
hydrophone  with  sensitivity  MA .  Trott  stopped  short  of  this  step  because  tite 
verbal  definition  of  MA  is  awkward  attd  might  cause  confusion  rather  than  clari¬ 
fication,  Ttte  verba)  definition  of  MA  is:  Tite  ratio  of  ihe  openatircuil  output 
voltage  of  the  array  to  the  far-flcld  sound  pressure,  apparent  at  one  meter, 
emanating  from  a  source  located  witlun  rite  plane-wave  near*fwld  region  of  the 
array. 

From  the  foregoing  it  is  evuknt  that  after  the  Trott  array  is  designed  and 
built,  SA  is  measured,  and  SAJ,  or  MA  rs  computed,  the  calibration  methodology 
is  the  same  as  for  conventional  far4ield  measurements,  lids  is  a  major  advantage 
of  the  Trott  array  method. 

An  option  of  the  Trott  array  technique  is  available  for  unknown  transducers 
of  negligible  width  “that  is,  points  or  bncs.  If  tire  Trott  array  is  reduced  to  a 
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single  shaded  line,  it  will  transmit  uniform  cylindrical  waves  in  the  near  field. 
The  pressure  in  the  near  field  will  be  uniform  along  a  line  parallel  to  the  shaded 
line,  and  will  decrease  at  the  rate  3  dB  per  double-distance  in  the  direction  of  the 
axis  of  the  line  projector.  A  small  or  “point”  hydrophone  or  a  line  hydrophone 
oriented  parallel  to  the  shaded  line  projector  will  be  subject  to  uniform  sound 
pressure.  This  arrangement  will  discriminate  against  interfering  reflections  from 
the  top  and  bottom,  if  the  line  is  vertical,  more  than  it  will  against  reflections 
from  boundaries  in  the  sideways  direction.  Directivity  patterns  cannot  be 
measured  with  the  single  line  projector,  so  the  technique  is  limited  to  sensitivity 
measurements  on  point  or  line  hydrophones.  The  near -field  transmitting  current 
response  Si  of  the  shaded  line  is  measured  by  probing  the  near  field  with  a  cali¬ 
brated  hydrophone.  Unlike  SA ,  SL  is  a  function  of  the  distance  from  the  pro¬ 
jector,  and  a  reference  distance  must  be  specified.  Departures  from  the  reference 
distance  must  be  accounted  for  by  a  3-dB-per-double-distance  correction.  Except 
for  the  distance  specification,  Eqs.  (4.16),  (4.17),  and  (4.18)  can  be  used,  if  SL 
and  iL  are  substituted  for  SA  and  iA .  Point  and  line  transducers  usually  are 
reciprocal  and  their  transmitting  responses  can  be  obtained  from  the  computa¬ 
tion  Sx  =  Mx/Js . 


4.7  Applications  and  Limitations 

The  near-field  method  of  calibrating,  testing,  and  evaluating  transducers  has 
various  limitations.  The  usefulness  of  the  method  in  general  and  the  choice 
between  the  DRL  technique  or  Trott  array  in  particular  depends  to  a  large  extent 
on  the  applications  of  the  measurements  and  the  relative  importance  of  the  limi¬ 
tations.  Research  and  development  measurements  in  a  laboratory,  quality  con¬ 
trol  measurements  in  a  factory,  and  post-repair  measurements  in  shipyards,  for 
example,  have  quite  different  requirements.  The  factors  affecting  the  choice  of 
a  near-field  method  are  discussed  in  the  paragraphs  that  follow. 

The  practice  of  both  the  DRL  and  Trott  array  methods  includes  certain 
approximations.  One,  that  points  separated  by  0.8X  or  less  approximate  a  con¬ 
tinuous  plane,  is  common  to  both  methods.  Others  apply  to  only  one  of  the  two 
methods. 

The  assumption  that  the  pressure  and  pressure  gradient  arc  related  by  Eq. 
(4.2)  has  been  cited  as  the  weakest  link  in  the  DRL  method.  It  may  be  the 
reason  for  some  of  the  errors  in  pattern  measurements  at  angles  woll  off  the  main 
beam.  More  important,  the  method  itself  provides  no  clue  as  to  the  magnitude  of 
any  errors  due  to  the  approximation  of  Eq.  (4.2). 

The  Trott  array  method  also  contains  approximations  like  the  assumption  of 
circular  symmetry.  Howcer,  the  Trott  array  design  can  be  tested  by  probing 
and  mapping  the  near  fie  .  Tire  magnitude  of  errors  due  to  approximations  or 
design  and  construction  imperfections  therefore  can  be  meusured.  For  example, 
the  33-ft  lines  used  in  the  array  shown  in  Fig.  4.24  woro  designed  originally  as 
three  1 1-ft  lines  connected  together.  Even  though  the  connecting  flanges  wore 
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small  and  designed  to  be  acoustically  invisible,  they  perturbed  the  sound  field. 
The  reason  never  was  ascertained,  but  a  change  to  single  continuous  33-ft  lines 
removed  the  perturbation. 

The  near-field  method  was  developed  primarily  to  save  space,  and  this  is  the 
major  and  general  advantage  of  the  method.  The  need  to  save  space  arises  from 
two  requirements.  The  first,  discussed  in  Sections  3.2  and  4.1,  relates  to 
minimizing  interference  from  the  boundaries  of  small  bodies  of  water.  The 
second  relates  to  the  importance  of  maintaining  a  known  relative  orientation  and 
spacing  between  the  projector  and  the  hydrophone  in  any  electroacoustic 
measurement.  At  large  and  deep  inland  lakes  or  ocean  sites,  floating  platforms 
must  be  used  to  support  the  transducers.  If  full  advantage  of  the  potentially 
good  free-field  conditions  is  to  be  realized,  the  transducers  must  be  fairly  far 
from  the  surface.  In  practice,  this  usually  means  depths  of  100  ft  or  more.  Then, 
if  projector-to-hydrophone  separations  of  100  ft  or  more  are  used,  it  becomes 
very  difficult  to  maintain  a  fixed  orientation  of  hydrophone  with  respect  to  pro¬ 
jector.  The  instability  of  the  platform  and  the  medium  and  the  nonrigidity  of 
mechanical  linkages  can  cause  significant  errors  in  the  relative  positions  of  the 
projector  and  hydrophone.  These  errors  are  minimized  by  suspending  the  pro¬ 
jector  and  hydrophone  together  as  one  integrated  unit.  The  shorter  the 
projector-to-hydrophone  separation  is,  the  more  feasible  and  effective  such  a 
suspension  becomes.  For  this,  a  near-field  method  and  arrangement  then  has  an 
obvious  application. 

Both  near-field  methods  save  considerable  amounts  of  space.  The  DRL  method 
has  a  small  advantage  in  this  respect  over  the  Trott  array.  The  integrating  surface 
in  the  DRL  method  can  be  wrapped  closely  around  tho  unknown  transducer, 
whereas  the  Trott  array  is  a  plane  surface  about  twice  the  width  of  the  unknown 
transducer.  There  is  no  theoretical  reason  why  Trott  arrays  must  be  plane,  but 
this  is  as  far  as  the  current  theory  and  practice  have  boon  carriod, 

The  DRL  method  pays  for  its  space-saving  advantage  with  less  configurational 
flexibility,  That  is,  transducers  of  different  shapes  require  different  integrating 
surfaces,  if  the  surface  is  to  be  wrapped  closely  around  the  transducer.  A  Trott 
array  accommodates  any  transducer  shape.  The  Integrating  surface  of  the  DRL- 
method  has  been  likened  to  a  raincoat;  that  of  tho  Trott  array  method,  to  an 
umbrella. 

1'he  near-field  method  is  most  useful  for  calibrating  targe  transducers  in  the  1 
to  10  kHz  frequency  range.  The  high-frequency  limit  is  set  by  the  0.8X  separa¬ 
tion  of  Trott  array  elements  or  DRL  probe  positions.  Also,  the  array  elements 
or  DRL  probe  hydrophone  must  be  small  enough  so  that  they  are  acoustically  in¬ 
visible  (maximum  dimensions  of  about  0.1  X).  The  near-field  technique  could  be 
used  at  low  ultrasonic  frequencies,  but  there  is  little  advantage  at  these  fre¬ 
quencies  over  other  methods. 

There  is  no  low-frequency  limit  lo  the  method  itself.  Below  I  kllz,  however, 
directional  transducers  become  gigantic,  and  both  the  DRL  scanning  mechanism 
and  the  Trott  urray  would  have  to  be  correspondingly  large.  However,  widt 
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wavelengths  of  5  ft  and  longer,  the  probe  or  array  element  position  separations  be¬ 
come  large  and  need  not  be  very  exact.  This,  in  turn,  would  allow  more  flexibility 
in  the  scanning  system  or  array  design. 

The  DRL  probe  scanning  arrangement  probably  is  more  easily  adjusted  to 
different  dimensions  than  the  Trott  array  is,  and  therefore  has  more  flexible 
frequency  limitations. 

The  Trott  array  produces  a  direct  read-out  in  essentially  real  time.  It  is  com¬ 
patible  with  conventional  measurements.  Once  the  array  itself  is  available,  no 
other  special  equipment  or  personnel  training  is  necessary. 

The  measurements  and  computations  of  the  DRL  method  are  sequential.  The 
output  thus  is  not  immediately  available.  However,  the  sequential  technique 
provides  a  point-by-point  examination  of  the  sound  field  that  is  useful  for 
diagnostic  purposes. 

The  DRL  method  is  very  specialized  in  that  it  is  completely  different  from 
conventional  techniques  and  requires  special  procedures  and  personnel.  Where 
flexibility  is  important,  this  is  a  disadvantage.  Where  measurements  and  trans¬ 
ducer  configurations  are  repetitive,  flexibility  is  not  important,  and  no  dis¬ 
advantage  obtains. 

Scanning  by  the  DRL  probe  requires  more  complicated  mechanical  engineering 
than  the  mere  rotation  of  the  unknown  transducer.  Such  scanning  presents  some 
mechanical  engineering  problems  when  it  must  be  remotely  controlled,  as  in  a 
closed  high-pressure  tank  or  at  the  end  of  a  long  suspension. 

The  DRL  method  requires  initial  major  investments  in  the  mechanical  design 
and  construction  of  the  probe  scanning  system,  a  modest  amount  of  electronic 
signal-generating  and  measuring  equipment,  and  the  programming  and  use  of  an 
electronic  computer.  All  are  matters  of  relatively  conventional  mechanical  and 
electronic  engineering,  and  computer  technology. 

The  Trott  array  also  requires  a  modest  amount  of  conventional  electronic 
equipment.  But  this  would  already  be  available  in  a  conventional  calibration 
facility.  The  main  investment  is  in  the  design  and  construction  of  the  array 
itself,  which  is  an  uncommon  and  sophisticated  transducer  engineering  task. 

In  summary,  the  DRL  method  has  the  advantages  of  minimum  space,  fre¬ 
quency  range  flexibility,  applicability  to  repetitive  measurements,  capability  for 
sound  field  diagnosis,  and  conventional  engineering.  The  Trott  array  has  the  ad¬ 
vantages  of  direct  read-out,  transducer  configuration  flexibility,  testing  of  theo¬ 
retical  approximations,  compatibility  with  conventional  measurements,  and 
suitability  for  remote  control. 
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MEASUREMENT  TRANSDUCERS 


5.1  Introduction 

To  select  the  right  transducers  for  a  measurement,  the  user  must  know  the 
basic  characteristics  of  the  various  available  types  and  the  advantages  and 
limitations  of  each.  After  the  general  type  has  been  chosen,  he  must  know 
how  this  particular  type  of  transducer  will  operate  under  the  conditions 
that  it  will  be  subjected  to.  Too  often  a  novice  will  attribute  characteris¬ 
tics  to  a  transducer  that  are  not  warranted.  A  calibrated  standard  hydro¬ 
phone,  for  example,  cannot  be  compared  with  other  calibrated  measuring  in¬ 
struments  like  thermometers,  clocks,  voltmeters,  or  barometers  in  either  accuracy 
or  stability.  Often,  the  ranges  of  frequency,  hydrostatic  pressure,  and  tempera¬ 
ture  in  which  a  hydrophone  is  used  are  quite  large.  A  calibration  is  valid  only 
within  specified  ranges  of  these  variables,  and  the  sensitivity  usually  cannot  be 
extrapolated.  Failure  to  understand  the  directional  characteristics  of  transducers 
also  is  common  among  novices,  who  often  will  assume  that  a  transducer  is 
omnidirectional. 

Measurement  transducers  consist  of  (1)  standard  hydrophones,  (2)  sound 
sources  or  projectors,  and  (3)  other  specialized  transducers. 

The  primary  requirements  of  a  standard  are  stability  and  linearity.  The  sen¬ 
sitivity  of  an  ideal  standard  hydrophone  would  be  independent  of  time,  fre¬ 
quency,  and  the  environmental  conditions-particularly  hydrostatic  pressure 
and  temperature.  A  sensitivity  that  is  independent  of  direction  or  orientation 
sometimes  is  desirable,  but  at  other  times,  it  is  not.  In  practice,  a  period  of  one 
year,  a  frequency  bandwidth  of  2  decades,  and  stability  within  11  dB  for  pres¬ 
sures  to  a  few  thousand  psi  and  temperatures  between  0  and  40°C  are  possible. 
The  linearity  of  standard  hydrophones  is  limited  more  by  associated  amplifiers 
and  transformers  than  by  the  electroacoustic  generator. 

The  function  of  a  projector  usually  is  merely  to  produce  a  useful  and  control¬ 
lable  sound  field  in  the  medium.  In  calibration  measurements,  as  in  commercial 
audio  engineering,  high  fidelity  is  desirable.  Th»4.  is,  the  transmitting  response 
should  be  uniform  in  a  wide  band  of  frequencies.  Efficiency  is  of  secondary  im¬ 
portance.  Stability  over  a  period  of  one  measurement-say  only  a  few  days-is 
necessary. 
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Special  measurement  transducers  are  those  designed  to  meet  some  special 
purpose.  Pressure-gradient  hydrophones  or  dipole  projectors,  for  example,  have 
patterns  that  are  particularly  useful  in  some  measurements  (see  Section  2.12). 
When  very  high  sensitivity  or  response  is  needed,  it  can  be  obtained  at  the  ex¬ 
pense  of  the  wide  bandwidth  by  using  resonant  transducers.  High  projector  re¬ 
sponse  also  can  be  obtained,  if  linearity  is  sacrificed.  A  very  important  class  of 
specialized  transducers  are  those  known  to  conform  to  the  electroacoustic  reci¬ 
procity  theorem  (see  Section  2.3)1 

Since  the  Fessenden  oscillator1  produced  continuous  acoustic  signals  early  in 
this  century,  thousands  of  underwater  sound  transducers  have  been  invented, 
sometimes  discarded,  and  sometimes  reinvented.  The  widely  ranging  require¬ 
ments  for  transducers  in  underwater  acoustics  and  the  development  of  new  mate¬ 
rials  have  prompted  myriad  designs  through  the  years. 

Practically  all  the  measurement  transducers  in  common  use  today  are  of  the 
piezoelectric  crystal  or  ceramic ,  magnetostrictive,  and  moving-coil  types.  Variable- 
reluctance,  electrostatic,  hydrostatic,  mechanical  and  electrical  motor,  spark, 
pneumatic,  electrokinetic,  and  electronic  transducers  all  have  been  used  for  gen¬ 
erating  or  receiving  sound  in  water,  but  rarely  are  they  used  as  standards,  and 
they  are  not  considered  as  such  here. 

S.2  Sensitivity  and  Response  versus  Frequency 

The  principal  difference  between  measurement  transducers  and  others  used  for 
navigation,  communication,  target  location,  and  so  forth  is  in  the  response  or 
sensitivity-versus-frequency  characteristic.  Very  wide  band  response  is  of  major 
importance  in  measurement  transducers.  Some  hydrophones  have  bandwidths 
of  as  much  as  4  decades!  The  term  bandwidth  does  not  have  a  precise  meaning 
when  applied  to  measurement  transducers,  as  it  does  in  connection  with  filters. 
It  generally  means  the  useful  frequuicy  range. 

The  useful  frequency  range  is  determined  by  (a)  the  response  or  sensitivity 
level,  (b)  the  electrical  impedance  of  the  transducers,  (c)  the  mechanical  limita¬ 
tions  of  the  transducer,  and  (d)  the  contour  of  the  response  or  sensitivity-versus- 
frequency  curve.  Limitations  (a)  and  (b)  are  related  to  each  other  and  to  the 
conditions  of  measurement-particulariy  the  acoustic  and  electrical  noise  levels. 
Consequently,  these  limitations  are  flexible,  and  there  are  no  simple  rules  for 
minimum  useful  response,  maximum  useful  impedance,  and  so  forth.  It  can  be 
noted,  however,  that  a  free-field  voltage  sensitivity  of -120  dB  referred  to  one 
volt  per  microbar  is  very  low,  and  a  sensitivity  of -140  dB  usually  is  too  low  to 
be  useful  in  conventional  electroacoustic  measurements. 

A  satisfactory  response  level  alone  does  not  insure  the  usefulness  of  a  projec¬ 
tor.  Piezoelectric  projectors  in  particular  are  limited  at  low  frequencies  by  the 
high  electric  impedance.  The  voltage  necessary  to  drive  a  current  of  a  few  milli- 
amperes  through  a  small  crystal  array,  for  example,  may  be  so  high  that  arcing 
occurs. 
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In  other  projectors,  the  elastic  or  linear  limits  of  the  electroacoustic  material 
or  such  mechanical  parts  as  springs  may  be  exceeded  at  signal  levels  necessary 
to  produce  useful  pressure  levels. 

Limitation  (d)  is  one  that  can  be  examined  in  detail.  The  theoretical  sensi¬ 
tivities  and  responses  of  measurement  transducers  generally  are  known  functions 
or  frequency.  That  is,  the  general  contour  of  the  sensitivity-versus-frequency 
curve  (or  response)  is  predictable;  however,  the  fine  structure  of  the  curve  is  af¬ 
fected  by  spurious  resonances,  reflections,  and  diffraction  effects,  and  by  real 
conditions  that  fail  to  approximate  theoretical  assumptions  closely.  Rigid 
boundaries  is  one  common  example  of  the  latter. 

The  analog  circuits  shown  in  Fig.  5.1  can  be  used  to  analyze  hydrophone 
sensitivity  as  a  function  of  frequency  for  simple  and  idealized  cases.  Several 
important  simplifying  assumptions  are  used.  It  is  assumed  that  the  vibrating 
elements  are  equivalent,  mechanically,  to  a  single  damped  spring  and  mass.  In 
practice  this  means  that  in  an  array  all  the  elements  are  identical,  and  that  all 
dimensions  of  the  elements  are  small  in  comparison  with  a  wavelength  of  sound 
in  the  element  material  and  in  water.  The  latter  is  a  “lumped-parameter,”  as 
opposed  to  a  “distributed-parameter,”  assumption.  It  is  assumed  also  that  the 
transducer  is  small  enough  so  that  the  radiation,  or  water  load,  impedance  can  be 
neglected-that  is,  the  characteristics  of  the  medium  do  not  influence  the  vibra¬ 
tory  motion.  At  low  frequencies,  the  radiation  impedance  consists  of  a  resist¬ 
ance  and  mass.  Neither  of  these  is  a  constant,  and  they  cannot  be  combined  with 
the  constant/?  and  m  in  Fig.  5.1. 

The  analog  circuit  of  a  piezoelectric  hydrophone  is  shown  in  Fig.  5.1a  and 
of  a  moving-coil  or  magnetostrictive  hydrophone  in  Fig.  5.1b.  The  two  circuits 
are  different  because  of  the  inherent  difference  between  the  two  transduction 
principles. 

It  is  evident  from  Fig.  5.1a  that  for  piezoelectric  hydrophones, 

epc  —  /c  n 

p  w&z~t V  13,1  j 

At  all  frequencies  except  perhaps  near  resonance,  uCe<p2Zm  »  1,  and  the 
sensitivity  is  inversely  proportional  to  wZm,  Figure  5.2a  is  a  plot  ofEq.(5.1). 
At  low  frequencies,  where  l//wC  »  (/?  +  /com),  the  sensitivity  is  constant.  At 
the  resonant  frequency,  whore  /com  =  l//coC’,  the  sensitivity  peaks.  Above  reso¬ 
nance.  whore  /com  »  (R  +  l//coC),  the  sensitivity  rapidly  falls  off  with  a  slope 
inversely  proportional  to  the  square  of  the  frequency.  About  an  octave  above 
resonance,  the  assumption  of  a  lumped-parameter  system  no  longer  is  valid,  and 
a  distributed-parameter  or  transmission-line  analysis  must  be  used.  Above  reso¬ 
nance,  the  curves  go  through  a  series  of  resonances  and  antiresonances,  and  for 
tills  reason  hydrophones  are  not  suitable  for  use  as  standards  above  resonance. 

From  consideration  of  reciprocity,  it  can  be  shown  that  the  transmitting  cur¬ 
rent  response  curve  will  have  the  same  contour  as  the  free-field  voltage  sensitivity 
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Fig.  5. la.  Analog  circuit  of  a  small  piezoelectric  hydrophone;  eoc  is  the  open- 
cucuit  voltage,  p  is  the  acoustic  pressure,  Ce  is  the  electrical  blocked  capaci¬ 
tance,  C  is  the  short-circuit  compliance,  m  is  the  effective  mass,  R  is  the 
mechanical  resistance,  <t>  is  the  electromechanical  voltage/force  conversion 
factor,  Zm  is  the  mechanical  impedance,  and  A  is  the  diaphragm  area. 


Fig.  5.1b.  The  analog  circuit  of  a  small  moving-coil  or  magnetostrictive  hydrophone;  eoc 
is  the  open-circuit  voltage,  p  is  the  acoustic  pressure,  u  is  the  diaphragm  velocity,  Re  is  the 
electrical  resistance,  L  is  the  blocked  inductance,  C  is  the  open-circuit  compliance,  m  is  the 
effective  mass,  R  is  the  mechanical  resistance,  ^  is  the  electromechanical  voltage/velocity 
conversion  factor,  and  A  is  the  diaphragm  area. 

except  that  it  will  have  a  6-dB-per-octave  greater  slope,  or  be  proportional  to  an 
additional  power  of  frequency.  Consequently,  a  typical  transmitting  response 
curve  for  a  piezoelectric  projector  will  look  like  the  dashed  line  of  Fig.  S.2a. 

It  is  evident  also  from  Fig.  S.lb  that 


Thus,  for  moving-coil  and  magnetostrictive  hydrophones,  the  sensitivity  eoc/p  is 
inversely  proportional  to  the  mechanical  impedance.  Figure  5.2b  is  a  plot  of 
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Eq.  (5.2).  Comparing  Figs.  5.2a  and  5.2b  shows  that  the  curves  in  the  latter 
have  an  additional  6-dB*per-octave  slope. 

From  Fig.  5.1,  it  can  be  seen  that  the  best  way  to  obtain  a  frequency-inde¬ 
pendent  sensitivity-that  is,  one  with  a  flat  curve-is  to  use  a  piezoelectric  ele¬ 
ment  below  its  resonant  frequency.  This  is  one  reason  why  wide-range  hydro¬ 
phones  contain  small  piezoelectric  generators  with  high  resonant  frequencies. 

From  Fig.  5.2,  it  would  seem  evident  also  that  the  best  way  to  obtain  a 
frequency-independent  transmitting  current  response  would  be  to  use  a  moving- 
coil  or  magnetostrictive  transducer  above  its  resonant  frequency.  This  is  a  valid 
conclusion  for  a  moving  coil,  but  not  for  a  magnetostrictive  transducer.  In  these 
curves,  it  has  been  assumed  that  the  transducer  elements  are  of  dimensions  small 
in  comparison  with  a  wavelength  in  water.  Thus,  to  obtain  the  flat  response 
characteristic,  one  needs  a  projector  that  is  small  and  that  resonates  at  low  fre¬ 
quencies.  Moving-coil  transducers  can  be  built  with  diaphragms  a  few  Inches  in 
diameter  and  with  resonant  frequencies  of  about  100  Hz,  where  the  wavelength 
in  water  is  50  ft.  Magnetostrictive  transducers,  like  piezoelectric  transducers, 
are  what  Woollett2  calls  “body  force”  transducers,  in  which  the  electromechanical 
forces  are  generated  throughout  the  material.  Consequently,  such  transducers 
resonate  at  frequencies  that  are  inversely  proportional  to  the  transducer  size. 
Despite  various  design  innovations,  it  still  is  not  possible  to  build  resonant  magne¬ 
tostrictive  transducers  that  are  very  small  and  also  resonate  at  very  low  frequen¬ 
cies. 

At  ultrasonic  frequencies,  piezoelectric  or  magnetostrictive  projectors  are 
most  feasible.  Comparing  piezoelectric  and  magnetostrictive  transducer  trans¬ 
mitting  current  response  curves  below  resonance  in  Figs.  5.2a  and  5.2b  shows 
that  the  piezoelectric  type  is  the  more  nearly  constant  with  frequency.  Con¬ 
sequently,  in  practice,  moving-coil  projectors  are  used  at  audio  frequencies  and 
piezoelectric  at  ultrasonic  frequencies. 

The  electrical  impedance  of  a  piezoelectric  transducer  decreases,  and  the  im¬ 
pedance  of  a  moving-coil  or  magnetostrictive  transducer  increases,  with  increas¬ 
ing  frequency.  Therefore,  the  slope  of  the  transmitting  voltage  response  curve 
of  the  piezoelectric  projector  will  be  greater  than  in  Fig.  5.2a,  and  the  slope  of 
the  moving-coil  or  magnetostrictive  curve  will  be  less  than  in  Fig.  5.2b.  See,  for 
example,  Fig.  5.31. 

Real  calibration  curves  seldom  look  like  the  idealized  curves  in  Fig.  5.2.  The 
dashed  lines  in  Fig.  5.3  illustrate  some  of  the  more  common  effects  on  the  free- 
field  voltage  sensitivity  of  a  piezoelectric  hydrophone.  The  resonant  peak  is 
damped  by  the  electrical,  mechanical,  or  acoustical  resistance.  Spurious  res¬ 
onances  may  appear.  At  some  very  low  frequency,  the  capacitive  reactance  of 
the  crystals  or  ceramics  will  become  larger  than  the  resistivity  of,  or  the  leakage 
resistance  around,  the  crystal.  The  timo  constant  of  the  RC  circuit  will  be 
shorter  than  the  fundamental  period  of  the  signal,  and  the  charge  on  the  elec¬ 
trodes  will  leak  off  faster  than  tiro  instantaneous  signal  amplitude  changes.  Tills 
causes  a  6-dB-per-octave  roll-off  of  the  sensitivity. 
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Fig.  5.3.  Typical  effects  of  resonant  damping,  diffraction,  spurious  resonances, 
and  leakage  resistance  across  the  piezoelectric  element  on  hydrophone  sensitivity. 


Spurious  resonances  and  various  resistances  can  be  controlled  to  some  extent 
by  good  design.  A  more  complicated  effect  over  which  a  designer  has  little 
control  is  the  diffraction,  also  illustrated  in  Fig.  5.3. 

A  diffraction  constant  D  was  defined  in  Section  2.2.3  and  by  Eq.  (2.4)  as  the 
ratio  of  the  average  blocked  pressure  pb  acting  on  a  hydrophone  to  the  free*field 
pressure  ty.  That  is, 


Daff'  (5.3) 

The  term  "diffraction"  is  used  in  a  very  broad  sense  in  the  definition  of  D. 
It  pertains  to  all  types  of  wave  and  signal  interference  associated  with  a  transducer. 
This  includes  the  conventional  reflection  and  scattering  of  waves  by  an  obstacle. 
It  also  includes  interference  when  there  is  no  obstacle.  For  example,  a  trans¬ 
ducer  could  consist  of  two  probes,  each  so  small  as  not  to  disturb  a  passing  wave. 
The  diffraction  constant  for  each  individual  probe  would  be  one,  but  the  diffrac¬ 
tion  constant  for  the  combination  could  be  anything  from  0  to  1  because  the 
signals  at  the  two  probes  could  be  out  of  phase  with  each  other.  The  diffraction 
constant  is  determined  by  the  same  phenomena  that  shape  the  receiving  direc¬ 
tivity  pattern,  and  it  is  a  function  of  the  angle  of  incidence  of  the  oncoming 
sound  wave.  As  with  patterns,  there  is  a  reciprocal  relationship  between  tho  dif¬ 
fraction  constants  for  tho  receiving  and  transmitting  conditions.  It  has  been 
shown3  that  for  tho  transmitting  case,  D  is  the  ratio  of  the  pressure  produced  by  a 
transducer  ut  a  remote  point  in  a  free  Held  to  the  pressuro  produced  at  Uio  some 
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point  when  a  simple  or  very  small  spherical  source  with  the  same  volume  velocity 
is  substituted  for  the  transducer.  The  relationship  between  D  and  other  radia¬ 
tion  parameters  is  given  by3 


2  _  RRg  4tr 
Vpc  * 


(5.4) 


where  R  is  the  radiation  resistance,  Rg  is  the  directivity  factor,  k  is  the  wave 
number,  and  pc  is  the  specific  characteristic  impedance  of  water. 

The  values  of  D  for  some  common  but  idealized  transducer  shapes  as  cal¬ 
culated  by  Henriquez4  are  shown  in  Fig.  5.4.  The  value  of  D  for  other  shapes 
can  be  inferred  from  these  curves.  For  example,  the  curve  for  a  cylinder  of 
finite  length  would  fall  between  the  curves  for  the  infinite  cylinder  and  the  ring. 
For  a  piston  of  any  shape  in  a  rigid  infinite  plane  baffle,/)  is  2,  or  +6  dB. 


Fig.  5.4.  Diffraction  constants;  a  U  the  radius  of  ling,  sphere,  cylinder,  or  piston;  plane 
wavefront  is  parallel  to  long  axis  of  cylinder  or  faoe  of  piston,  and  perpendicular  to  plane  of 
ring;  k  ■  2uf/c,  where  /  is  the  frequency  in  Ha  and  c  is  the  speed  of  sound. 


The  designer  has  relatively  little  control  over  the  diffraction  constant  because 
the  directivity  pattern  usually  is  specified.  Since  the  diffraction  constant  and 
directivity  pattern  depend  on  the  same  interference  phenomena,  specifying  one 
fixes  tlie  other. 
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5.3  Piezoelectric  Transducers 

The  term  piezoelectric  is  used  for  both  the  true  single  crystal  like  Rochelle 
salt,  quartz,  tourmaline,  ammonium  dihydrogen  phosphate  (ADP),  and  lithium 
sulfate,  where  the  piezoelectric  effect  is  inherent  in  the  asymmetry  of  the  natural 
crystal  structure,  and  for  polarized  polycrystalline  ceramics  where  the  piezoelec¬ 
tric  properties  are  produced  in  manufacture.  All  piezoelectric  materials  have 
certain  properties  aside  from  stability  that  affect  their  suitability  as  an  electro¬ 
acoustic  element  in  a  measurement  transducer.  These  properties  include  the 
piezoelectric  constants,  dielectric  constant,  resistivity,  and  the  fact  that  the 
crystals  and  ceramics  are  anisotropic. 

Two  types  of  piezoelectric  constants  are  used  to  describe  the  relationship  of 
an  electrical  parameter  such  as  charge  density  or  electrical  field  and  a  mechanical 
parameter  such  as  stress  or  strain.  Since  the  material  is  anisotropic,  the  direction 
of  the  electrical  and  mechanical  parameters  are  specified  by  subscripts. 

The  gij  constant  is  the  quotient  (mechanical  strain)/(applied  electric  charge 
density)  or  (electric  field/applied  mechanical  stress).  The  subscript  i  specifies  the 
direction  normal  to  the  electrodes,  or  direction  of  electrical  field.  The  subscript 
/  specifies  the  direction  of  induced  strain  or  applied  stress. 

The  J(j  constant  is  the  quotient  (strain)/(applied  electrical  field)  or  (charge 
dcnsity)/(applied  stress).  The  subscripts  have  the  same  meaning  as  for  the  g 
constants. 

The  subscripts  1 ,  2,  and  3  pertain  to  the  three  mutually  perpendicular  direc¬ 
tions.  Subscripts  4, 5,  and  6  pertain  to  shear  motions  about  the  1 , 2,  and  3  axes, 
respectively.  Subscript  h  pertains  to  a  hydrostatic  or  simultaneous  3-dimensional 
stress  or  strain. 

The  g  and  d  constants  are  related  by  the  dielectric  constant: 


</y  9  Si),  (5.5) 

where  £0  is  the  dielectric  constant  of  free  space  and  e  is  the  dielectric  constant 
of  the  material  relative  to  e0> 

The  (electrical  fleld)/(stress)  definition  of#  is  seen  to  be  similar  to  the  voltage/ 
pressure  definition  of  free-fleid  voltage  sensitivity.  Consequently,  the# constant 
is  proportional  to  hydrophone  sensitivity  and  serves  as  the  most  useful  criterion 
of  a  piezoelectric  material  for  use  in  measurement  hydrophones. 

Of  particular  importance  is  the  fact  that  g  and  d  constants  for  different  direc¬ 
tions  can  differ  in  both  magnitude  and  sign  (or  polarity).  To  illustrate,  the 
tlu>  ti ii.  and  di 3  constants  for  lithium  sulfate  are  +1.5,  4-16.0,  and  -4.0 (each 
times  10“,aC/N),  respectively.  The  signs  indicate  the  polarity  or  direction  of  the 
induced  electric  field.  Now,  if  the  stress  were  the  same  in  all  three  directions, 
(lie  resulting  electric  field  in  the  “2"  direction  would  be  proportional  to  the 
arithmetic  sum  of  the  constants  or  13.5  x  10“**  C/N.  Thus,  the  sensitivity  for  a 
tlirce-dimeiuionai  stress  would  be  less  titan  for  the  2  direction  only.  !u  this  case. 
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the  hydrostatic  modulus  or  c/2/j  is  only  a  little  smaller  than  d22  and  quite  useful. 
Lithium  sulfate  is  considered  a  volume  expander,  therefore,  even  though  the 
sign  of  d23  is  opposite  to  that  of  d2i  and  d22.  In  other  crystals  like  ADP,  there 
is  a  much  larger  cancelling  effect.  Because  of  such  loss  by  cancellation ,  it  is  neces¬ 
sary  to  shield  some  surfaces  of  some  crystals  from  the  sound  pressure.  This 
shielding  usually  is  provided  by  thin  layers  of  an  acoustically  soft  or  “pressure- 
release”  material.  The  failure  of  such  shielding  is  one  cause  of  the  variability  in 
hydrophone  sensitivity. 

Piezoelectric  moduli  an  i  other  design  date  are  readily  available  in  pamphlet 
form  from  one  of  the  principal  manufacturers,  tire  Piezoelectric  Division  of  the 
Clevite  Corporation,  Bedford,  Ohio. 


5.3.1  Piezoelectric  crystals 

Piezoelectric  crystals  have  been  used  extensively  in  the  past  for  both  hydro¬ 
phones  and  projectors.  Although  they  have  been  largely  replaced  by  the  various 
ceramics,  they  still  are  needed  where  extreme  stability  with  time  is  the  prime 
requirement. 

There  are  many  excellent  books  on  the  molecular  and  phenomenological 
aspects  of  piezoelectric  crystals,5’®  and  no  attempt  will  be  made  here  to  discuss 
the  theory  in  detail.  It  is  sufficient  for  the  designer  of  an  experiment  to  know 
the  strengths  and  frailties  of  crystals  as  transducer  elements. 

The  crystals  that  have  been  used  in  underwater  transducers  are  ADP  (am¬ 
monium  'lihydrogen  phosphate),  lithium  sulfate,  Rochelle  salt,  quartz,  and 
tourmaline.  Of  these,  lithium  sulfate  and  AIM*  still  are  used  in  standard  trans¬ 
ducers.  Since  these  two  types  serve  to  Illustrate  two  different  general  methods  of 
crystal  transducer  design,  they  are  chosen  for  discussion.  Litliium  sulfate  and 
tourmaline  crystals  in  the  form  of  disks  or  plates  are  ‘Volume  expanders”  or  have 
useful  §h  and  dp,  constants,  and  do  not  tequire  pressure-release  material  on  the 
edge  faces.  As  noted  in  Section  5.3,  the  sensitivity  of  lithium  sulfate  is  reduced 
only  by  approximately  20%  when  the  acoustic  pressure  is  admitted  to  all  of  the 
crystal  faces.  On  the  other  hand,  ADP,  Rochelle  salt,  and  quartz  crystals  require 
acoustic  shielding  in  the  form  of  pressure-release  material  (Corprene,  air-cell 
rubber,  paper,  etc.)  on  some  sides.  Since  a  material  normally  cannot  be  dynami¬ 
cally  soft  and  statically  hard,  the  use  of  soft  or  pressure-release  shielding  limits 
tire  magnitude  of  hydrostatic  pressure  that  an  be  applied. 

figure  S.S  shows  a  typical  stack  of  crystals.  Tire  computed  open-circuit  volt¬ 
age  sensitivity  M  of  the  stack  is  obtained  from  tire  general  relationship  Magl>, 
where  1  is  the  dimension  between  electrodes  across  which  the  electrical  voltage 
is  measured.  If  the  electrodes  in  Pig.  S.S  are  connected  in  parallel,  then  /.  « the 
thickness  of  the  individual  crystal,  tf  they  are  connected  in  series,/,  is  the  thick¬ 
ness  of  the  whole  4-crystal  stack.  The  choice  of  parallel  or  series  connections 
must  be  made  before  the  stack  is  assembled,  because  tite  polarity  of  tlte  individ¬ 
ual  crystals  is  different  for  the  two  cases.  When  they  arc  connected  in  parallel. 
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the  sensitivity  of  the  whole  stack  is  the  same  as  for  only  one  of  the  four  crystals. 
The  advantage  of  the  high  sensitivity  of  the  series  arrangement  is  offset  by  a  much 
higher  impedance.  That  is,  when  the  crystals  are  viewed  as  parallel  plate  capaci¬ 
tors,  the  series  arrangement  has  only  1/16  the  capacitance,  or  16  times  the  imped¬ 
ance,  of  the  parallel  arrangement.  In  hydrophones  with  small  piezoelectric 
generators  and  closely  associated  preamplifiers,  the  higher  impedance  may  increase 
the  hydrophone  voltage  coupling  loss  (see  Section  3.6),  resulting  in  lower  end-of- 
cable  sensitivity,  thus  increasing  the  effective  preamplifier  noise  (see  Fig.  5.19) 
and  producing  lower  signal-to-noise  ratios.  Thus,  there  is  a  trade-off  between 
sensitivity  and  electrical  impedance  in  crystal  transducers.  In  practice,  crystals 
usually  are  connected  in  parallel. 

The  resistivity  of  the  crystalline  material  itself  must  be  high  for  the  same 
reason  that  the  leakage  resistance  discussed  in  Section  5.2  and  illustrated  in  Fig. 
5.3  must  be  high.  The  resistivity  of  lithium  sulfate  is  very  high,  which,  combined 
with  its  good  hydrostatic  pressure  response,  makes  it  a  good  material  for  hydro¬ 
phones  used  at  low  frequencies  and  high  hydrostatic  pressures. 


Eltctrodtt 


EI«e>rodat 


Hg.  5.5.  Crystal  hack  assembled  for  electrical  parallel  (above)  and 
series  (below)  connections. 
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Very-wide-frequency-range  hydrophones  have  very  small  crystal  stacks  to 
avoid  resonances  and  minimize  diffraction  effects;  consequently,  the  electrical 
impedance  is  high.  A  disadvantage  of  crystals  is  that  small  quantities  of  moisture 
will  shunt  the  crystal  impedance  and  cause  a  low-frequency  drop  in  sensitivity. 
Lithium  sulfate  and  ADP  are  hygroscopic  and  if  they  are  exposed  to  much  mois¬ 
ture  for  any  length  of  time,  they  will  be  irreversibly  changed.  Also,  temperatures 
above  125°C  will  destroy  ADP,  and  75°C  is  the  limit  for  lithium  sulfate. 

A  preamplifier  usually  is  an  integral  part  of  a  wide-band  crystal  hydrophone 
because  of  the  high  electrical  impedance  of  the  crystal.  A  crystal  hydrophone 
then  consists  of  the  basic  crystal  generator,  a  mounting,  housing,  acoustic  window 
and  fluid  coupling  for  the  crystal  to  the  window,  preamplifier  and  case,  and 
cabling.  The  interaction  of  these  components  upon  each  other  and  the  acoustic 
field  axe  factors  in  designing  a  measurement.  Some  of  the  fundamental  parameters 
of  lithium  sulfate  and  ADP  are  shown  in  Table  5.1. 


Table  5.1.  Properties  of  Piezoelectric  Crystals  and  Ceramics 


— ■■  . . 

Piezoelectric 

Material 

Relative 

Dielectric 

Constant 

ele0 

d  Constant 
(m/V) 

(multiply  by  10_,a) 

Resistivity 

(ohm-meter) 

lithium  sulfate 

10 

+16.0  (djj) 

+13.5  (dm) 

>10‘° 

ADP 

15 

+48.0  (d36) 

>10« 

barium  titanate 

1200 

-58  (d31) 

+149  (djj) 

+242  (d15) 

>10‘° 

lead  zirconate 
titanate  (several 
different  compo¬ 
sitions) 

1300 

to 

3400 

-125to-27S(d31) 

+300to+600(djS) 

+500to+750(d,s) 

>10*o 

Crystal  projectors  consist  essentially  of  a  mosaic  of  crystal  elements  that  is 
generally  much  larger  than  that  lit  hydrophones  for  the  same  frequency  range. 
The  size  and  configuration  of  the  mosaic  are  governed  by  the  directivity  and 
source  level  requirements.  The  electrical  series  or  parallel  connections  among  the 
crystals  depend  on  the  competing  requirements  of  response  and  impedance,  and 
the  kind  of  crystal  used.  In  addition  to  the  response  and  impedance  requirements, 
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hydrostatic  pressure  requirements  and  cost  affect  the  choice  of  kind  of  crystal. 
A  large  number  of  crystals  are  used  in  a  projector  mosaic  and  piezoelectric 
crystals  are  expensive.  A  lithium  sulfate  disk  the  size  of  a  25-cent  piece  costs 
$30  to  $40;  a  similar  piece  of  ADP  costs  less  than  $  1 0  ( 1 967  prices). 


5.3.2  Ferroelectric  ceramics 

Ceramics  that  have  such  electrical  properties  as  fields,  polarity,  and  so  forth, 
that  are  analogous  to  the  magnetic  properties  of  ferromagnetic  materials  are 
called  ferroelectric  ceramics.  The  ceramics  came  into  general  use  for  transducers 
in  the  early  1950’s  and  have  rapidly  replaced  crystals  in  many  applications. 
High  dielectric  and  piezoelectric  constants,  variety  of  shapes  available,  low  cost, 
and  inherent  ruggedness  are  reasons  for  the  popularity  of  this  material. 

Of  the  several  kinds  of  ceramic,  barium  titanate  and  lead  zirconate  titanate 
are  the  most  popular.  Some  types  of  lead  metaniobate  have  characteristics  that 
make  it  peculiarly  suited  to  broadband,  high-pressure  transducers,  and  it  is  in¬ 
corporated  in  some  transducers  of  this  type. 

The  theory  of  designing  ferroceramic  transducers  is  similar  to  that  for  crystal 
transducers.  The  practice  is  somewhat  different  because  (1)  the  dielectric  con¬ 
stant  of  ceramics  is  larger  by  a  factor  of  about  100  than  that  of  crystals  and  this 
fact  eliminates  some  of  the  problems  of  very  high  electric  Impedance;  and  (2) 
ceramics  can  be  manufactured  in  practically  any  shape,  which  gives  the  designer 
considerably  more  flexibility  than  was  possible  with  crystals.  Transducers  have 
been  made  from  plates,  cylinders,  spheres,  mosaics,  staves,  and  sections  of  various 
geometric  shapes.  Cylinders  and  spheres  are  helpful  not  only  in  obtaining  desired 
directivity  patterns,  but  they  also  act  as  mechanical  transformers.  For  example, 
tire  circumferential  stress  in  a  cylinder  wall  is  higher  than  the  radial  pressure  by 
the  ratio  of  the  cylinder  outside  radius  to  the  wall  thickness.  Some  of  tire  funda¬ 
mental  parameters  of  ferroelectric  ceramics  are  shown  in  Table  5.1 . 

The  <f33  and  g32  constants  in  ceramics  always  are  the  same  as  the  </3i  and  g3lt 
respectively.  It  is  evident  then  from  the  values  in  Table  5.1  that  the  coramics 
will  have  low  hydrostatic  moduli.  That  is,  tire  sum  </3,  4  <*3,  +  </33  will  be 
smaller  than  cither  </3j  or  d33.  Consequently,  when  ceramics  are  used  in  a  plate 
or  disk  configuration,  acoustic  shielding  is  necessary  or  at  least  desirable.  Lead 
metaniobate  is  an  exception.  It  hus  a  useful  hydrostatl:  modulus  and  needs  no 
shielding. 

The  effective  hydrostatic  modulus  becomes  a  matter  of  design  in  a  cylindrical 
shell  configuration.  The  mechanical  transformer  function  of  the  cylinder  itself, 
the  mechanical  transformer  action  of  end  caps  on  the  cylinder,  and  whether  or  not 
the  sound  pressure  is  allowed  to  act  in  the  inner  wall  of  the  cylinder  all  affect . 
the  sensitivity.?  Properly  designed  capped  thin-walled  cylinders  do  provide  good 
sensitivity.  On  the  oilier  hand,  with  certain  ratios  of  wall  thickness  to  diameter, 
Uie  effective  wall  tltickness  modulus  (<*33)  can  be  exactly  equal  and  opposite  to 
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the  effective  combined  circumferential  (</3i)  and  longitudinal  (£?32)  moduli,  re¬ 
sulting  in  zero  sensitivity.  In  typical  cases,  this  ratio  varies  from  0.3  to  0.4. 

Considerable  work  has  been  done  on  the  characteristics  of  ceramics  under  the 
various  environmental  conditions  encountered  in  underwater  acoustic  measure¬ 
ments.  The  ceramics  are  not  as  predictable  as  the  crystals,  because  of  variations 
in  composition  and  manufacture,  but  with  careful  control  and  selection,  ceramic 
transducers  that  are  stable  within  prescribed  time,  temperature,  and  pressure 
limits  have  been  constructed. 


5.4  Magnetostrictive  Transducers 

The  possible  application  of  magnetostriction  in  underwater  sound  transducers 
probably  was  recognized  first  by  G.  W.  Pierce  and  his  associates  at  Harvard  in  the 
1920’s. 

Magnetostrictive  transducers  were  used  extensively  in  World  War  II.  A  com¬ 
prehensive  report  on  the  fundamentals  and  design  of  magnetostrictive  transducers 
of  that  period  is  contained  in  the  National  Defense  Research  Committee’s  report 
on  mapetostriction  transducers.^  A  general  treatment  of  the  subject  also  is 
available  in  other  literature.11  >12 

Mapetostrictive  transducers  have  several  drawbacks  that  limit  their  usefulness 
for  measurement  applications.  One,  the  contour  of  the  calibration  curves,  al¬ 
ready  has  been  discussed  in  Section  5.2.  Others  include  inherent  nonlinearity, 
hysteresis,  and  the  need  for  a  biasing  mapetic  field.  The  principai  advantages  are 
low  electrical  impedance  and  good  mechanical  strength. 

Unlike  the  piezoelectric  effect,  the  mapetostriction  effect  is  nonpolarized. 
That  is,  the  mechanical  displacement  is  independent  of  the  direction  of  the  mag¬ 
netic  field  in  the  metal.  Nickel,  for  example,  will  shorten  when  it  contains  a 
magnetic  field  regardless  of  the  polarity  of  the  field. 

Figure  5.6  illustrates  both  the  inherent  nonlinearity  and  the  need  for  a  bias 
field,  if  frequency  doubling  is  to  be  avoided. 

Two  types  of  magnetostrictive  transducers  remain  as  measurement  transducers 
in  some  places  and  so  will  be  mentioned  briefly.  One  is  a  thick-walled  cylinder 
comprised  of  a  laminated  stack  of  annular  nickel  rings  and  a  toroidally  wound 
coil.»3,»4  This  usually  is  referred  to  as  a  “ring  stack.”  Remanent  mapetism 
provides  the  mapetic  bias. 

The  other  type  is  a  thin-walled  tube  transducer  developed  at  tire  Navy  Under¬ 
water  Sound  Laboratory,  New  London,  Conn.10  The  inside  of  the  tube  contains 
a  permanent  bar  mapet  and  a  coil  of  wire  wound  around  a  wood  dowel. 

In  the  magnetostrictive  tubes  or  cylinders,  as  in  the  piezoelectric  counterparts, 
the  stress  in  the  wall  is  increased  over  the  sound  pressure  in  the  water  by  the 
ratio  of  the  tube  radius  to  wall  thickness,  A  disadvantage  is  that  although  the 
tube  theoretically  is  omnidirectional  lit  one  plane,  this  is  not  easy  to  achieve  in 
practice  because  of  the  problems  of  housing  and  sealing  the  nickel  tube  or  cylin¬ 
der,  the  nragnet,  the  coil,  and  so  forth. 
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Fig.  5.6.  Magnetostrictively  induced  strain  as  a  function  of  applied  magnetic  field. 


The  tube  types  have  been  used  on  Navy  ships  for  checking  alignment  of  sonar 
systems.  They  have  been  replaced  recently  by  ceramic. 


5.5  Moving-Coil  Transducers 

The  moving-coil  or  clectrodynamic  transducer  for  underwater  use  is  similar 
in  principle  to  the  air  loudspeaker,  and,  like  the  loudspeaker,  is  used  primarily  as 
a  wide-band  sound  source.  The  Rice-Kelloggls  method,  hi  which  the  frequency 
range  above  resonance  is  used  to  obtain  high  fidelity  or  a  flat  transmitting  cur¬ 
rent  response,  is  applicable  in  both  media. 

From  the  well-known  equations  for  the  transduction  of  energy  with  moving- 
coil  transducers,  the  definition  of  mechanical  impedance,  and  the  radiation  of 
sound  from  a  small  diaphragm  moving  with  uniform  velocity,  we  can  sec  why  the 
transmitting  current  response  is  constant  above  resonance: 


F  «  BLt, 

(5.6) 

F  a  fuunu, 

(5.7) 

p  «  COM, 

(5.8) 
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where  /  is  electrical  current,  F  is  force,  B  is  magnetic  flux,/,  is  the  length  of  wire 
that  moves  at  right  angles  across  the  magnetic  lines  of  force  of  flux  density  B, 
o)  is  angular  frequency,  m  is  the  combined  mass  of  coil,  diaphragm,  and  water 
load,  u  is  the  linear  velocity  of  the  coil  and  diaphragm,  and  p  is  the  radiated  sound 
pressure.  Combining  the  three  equations  produces 


These  equations  are  valid  only  when  both  the  mechanical  and  acoustical  im¬ 
pedances  are  mass  controlled  and  the  diaphragm  is  small  in  comparison  with  a 
wavelength.  The  mechanical  impedance  is  mass  controlled  at  frequencies  above 
the  basic  spring-mass  resonance  and  below  the  flexure  mode  resonances  of  the 
diaphragm.  The  acoustical  or  radiation  impedance  is  predominantly  a  mass  react¬ 
ance  at  frequencies  where  the  diaphragm  is  very  small  in  comparison  with  a  wave¬ 
length  in  water.  More  detail  on  the  application  of  the  Rice-Kellogg  technique  to 
underwater  sound  transducers  is  given  by  Sims.16 

Large  diaphragm  volume  displacements  are  needed  to  radiate  acoustic  power 
at  low  frequencies.  With  inherently  stiff  piezoelectric  or  magnetostrictive  trans¬ 
ducers,  this  is  difficult  to  do  without  resorting  to  very  large  transducers  where 
large  radiation  area  can  compensate  for  limited  small  linear  displacements.  In  a 
moving-coil  transducer,  the  stiffness  is  all  in  the  diaphragm  spring  suspension, 
which  can  be  made  almost  arbitrarily  compliant.  This  enhances  the  usefulness 
of  the  moving-coil  transducer  at  low  frequencies,  but  it  also  makes  it  mechanically 
fragile.  Consequently,  moving-coil  transducers  have  automatic  compensating 
systems  for  equalizing  the  gas  pressure  inside  the  transducer  with  the  hydrostatic 
pressure  on  the  outside.  For  modest  depths  (down  to  about  100  feet),  a  collap¬ 
sible  bag  arrangement  is  used  (see  Fig.  5.37).  For  greater  depths,  a  Scuba-type 
mechanism  can  be  used.  Even  with  a  properly  operating  compensation  system, 
moving-coil  transducers  are  relatively  fragile  instruments. 

Moving-coil  projectors  are  used  in  the  audio-frequency  range  and  typically 
have  transmitting  current  responses  of  about  50-60  dB  referred  to  one  microbar 
at  one  meter  per  ampere.  As  hydrophones,  moving-coil  transducers  have  limited 
usefulness,  because  the  electrical  impedance  is  rising  and  the  free-field  voltage 
sensitivity  is  dropping  as  the  frequency  is  increased.  They  generally  are  not  used 
as  receivers  except  in  reciprocity  calibration  measurements  where  they  serve  as 
reciprocal  transducers.  In  the  latter  application,  the  basic  rosonant  frequency 
should  be  avoided  because  the  transducers  sometimos  arc  nonlinear  at 
rosonancc. 

S.6  Typical  Hydrophone  Designs 

There  is  no  single  typical  design  for  a  broad-frequency-band  hydrophone.  Nor 
is  there  a  single  widely  used  standard  hydrophone  comparable  to  the  Western 
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Electric  type  650AA  microphone.  A  good  microphone  is  used  only  in  the  audio¬ 
frequency  range.  It  seldom  is  used  in  a  hostile  environment  or  at  other  than 
atmospheric  pressure.  A  good  hydrophone,  on  the  other  hand,  would  be  usable 
in  the  infrasonic-,  audio-,  and  ultrasonic-frequency  ranges.  It  would  be  immune 
to  the  effects  of  high  hydrostatic  pressure,  near-freezing  temperatures,  corrosion 
and  electrolysis,  nibbling  fish,  and  the  less-than-delicate  handling  by  sailors, 
stevedores,  and  ship  riggers.  There  are  many  hydrophone  designs  to  meet  a  great 
variety  of  needs  in  underwater  acoustics.17*21  Four- representative  or  typical  de¬ 
signs  are  discussed  in  the  sections  that  follow. 


5.6.1  Type  Ml  15B  and  DT-99/PQM-1 A 

The  M115B,  shown  in  Fig.  5.7,  is  a  commercial  hydrophone  developed  and 
manufactured  by  Massa  Division,  Dynamics  Corporation  of  America.  It  has 
been  manufactured  and  widely  used  since  the  early  1950’s  for  many  types  of  re¬ 
search,  development,  engineering,  and  calibration  measurements.  The  electro¬ 
acoustic  generator  consists  of  two  stacks  of  ADP  crystals,  each  snugly  fitted  in¬ 
side  a  metal  cylindrical  sleeve.  The  metal  sleeve  and  the  Corprene  between  the 
crystal  and  the  metal  constitute  the  acoustic  shielding  of  the  sides  of  the  crystal 
stack  discussed  in  Section  5.3.  The  ends  of  the  two  crystal  stacks,  which  are  ex¬ 
posed  to  the  castor  oil  and  to  the  sound  field,  form  in  effect  a  short  4-point  line 
hydrophone.  Castor  oil  is  used  in  most  such  hydrophones  because  the  oil  is 
acoustically  similar  to  water  but  also  is  a  dielectric.  The  preamplifier  is  a  cathode- 
follower  type  that  functions  as  an  impedance-matching  device  rather  than  as  an 
amplifier.  That  is,  the  input  impedance  of  a  cathode  follower  is  high  and  the 
output  impedance  is  low.  Thus,  the  high-impedance  electroacoustic  generator  is 
matched  to  the  relatively  low-impedance  hydrophone  cable.  The  voltage  ampli¬ 
fication  of  a  cathode  follower  is  less  than  onc-that  is,  it  has  a  loss  rather  than  a 
gain.  A  typical  sensitivity  curve  and  pattorns  are  shown  in  Figs.  5.8  and  5.9.  The 
principal  drawback  of  the  Ml  15B  design  has  been  that  with  time,  or  high  hydro¬ 
static  pressure,  or  both,  the  castor  oil  leaks  into  the  Corprene  and  destroys  the 
shielding  effect.  This  results  in  lowered  sensitivity  at  low  frequencies.  A  newor 
version  designated  Ml  ISC  contains  a  sealed  vinyl  cartridge  designed  to  overcome 
this  deficiency.  Another  version  of  the  Ml  1  SB  is  the  Navy  type  DT-99/PQM-1A 
that  is  used  with  a  Navy  noise-measuring  set.  The  DT-99/PQM-1A  contains  an 
electroacoustic  generator  element  larger  than,  but  similar  in  design  to,  that  in  the 
M115B. 


5.6.2  Type  H23 

The  H23  hydrophone  was  developed  in  1963  by  the  Navy  Underwater 
Sound  Reference  Laboratory  as  a  general-purpose  laboratory  standard. 
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Fig.  5.8.  Typical  free-field  voltage  sensitivity  of  Massa  type  Ml  15B  hydrophone. 


The  hydrophone  and  typical  calibration  curves  are  shown  in  Figs.  5.10 
through  5.12.  Eight  lithium  sulfate  crystals  are  used  as  the  electroacous¬ 
tic  generator.  The  crystal  is  not  shielded  acoustically  with  Corprene  or 
other  pressure-release  material,  and  the  hydrostatic  pressure  limit  of 
2500  psig  therefore  is  fixed  only  by  the  mechanics  of  the  preamplifier 
housing. 

The  crystals  float  on  rubber  mounts  to  eliminate  mechanical  coupling  to  the 
housing.  The  boot  is  butyl  rubber  because  the  permeability  to  water  is  an  order 
of  magnitude  lower  in  butyl  than  in  other  elastomers  suitable  for  this  purpose. 
The  coupling  fluid  is  castor  oil. 

The  useful  frequency  range  of  the  H23  can  be  extended  beyond 
the  150-kHz  frequency  shown,  but  orientation  becomes  critical  because 
of  the  vertical  directivity.  The  transistorized  preamplifier  provides  10  dB 
gain. 


5.6.3  Types  LC32  and  BC32 

The  LC32  hydrophone  was  developed  and  is  manufactured  by  the  Atlantic 
Research  Corporation.  The  hydrophone  and  typical  calibration  curves  are  shown 
in  Figs.  5.13  through  5. IS.  Like  the  M 1 1  SB,  it  is  a  commercial  hydrophone, 
and  along  with  a  preceding  model,  the  BC32,  it  has  been  widely  used  for  a 
variety  of  applications  for  many  years.  The  generator  is  a  stack  of  ceramic  rings. 
The  ceramic  is  lead  zirconate  titunate  in  the  LC32  and  barium  titanatc  in  the 
older  BC32.  The  rings  are  bonded  to  a  thin  neoprene  protective  coating  and  no 
coupling  fluid  is  used.  Also,  there  is  no  preamplifier.  The  LC32  is  easy  to  uso 
and  relatively  inexpensive.  Ac  a  price  for  simplicity  and  low  cost,  it  is  less 
sensitive  than  the  M115B  and  H23,  and  less  stable  with  pressure  and  tempera' 
ture.  At  frequencies  abovo  about  50  kHz,  the  LC32  can  be  used  also  as  a 
projector. 


of  Massa  type  Ml  1SB  hydrophone  (horizontal  plane,  left;  vertical  plane,  right). 
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Fig.  5.10.  USRD  type  H23  hydiophonc. 


Rg.  S.12.  Typical  directivity  pattcmi  of  USRD  type  H23  hydrophone  (horizontal  plane,  left;  vertical  plane,  right 


flfr  5. IS.  Typfcald&estMty  pattern of  Atlantic  Research  Corporation  type  LC32  hydrophone  (horizontal  plane,  left;  vertical  plane,  right). 
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5.6.4  Types  F36,  F37,  and  TR-205/WQM 

The  F36  was  developed  in  1965  by  the  Navy  Underwater  Sound  Reference 
Laboratory  as  a  versatile,  general-purpose  hydrophone.  It  is  versatile  in  the  sense 
that  it  is  stable  enough  for  a  laboratory  standard,  rugged  enough  for  shipboard 
use,  and  it  can  be  used  also  as  a  reciprocal  transducer  or  projector  at  high  audio 
and  low  ultrasonic  frequencies.  The  transducer  and  typical  calibration  curves  are 
shown  in  Figs.  5.16  to  5.18. 

The  F36  is  designed  to  be  suspended  by  its  electrical  cable.  Horizontal  orien¬ 
tation  is  not  critical  because  it  is  omnidirectional  in  the  horizontal  plane.  The 
generator  consists  of  a  line  of  lead  zirconate  titanate  ceramic  elements  in  the 
form  of  glass-capped  cylinders  that  require  no  pressure-release  material.  The 
space  between  the  cylinders  and  the  rubber  boot  is  filled  with  castor  oil.  The 
dimensions  of  the  cylinder  and  end  caps,  and  the  properties  of  materials  are 
chosen  to  give  a  broad  bandwidth  with  constant  sensitivity. 

The  F37  is  a  higher  frequency  version  of  the  F36.  The  TR-20S/WQM  is  a 
version  of  the  F36  used  by  the  Navy  on  board  ships  for  the  specific  purpose  of 
monitoring  the  performance  of  the  ship’s  sonar  system.  In  this  application,  the 
TR-205/WQM  is  suspended  by  its  cable  over  the  side  of  the  ship  to  the  same 
depth  as  the  sonar  transducer  on  the  bottom  of  the  ship.  Signals  then  are  trans¬ 
mitted  between  the  sonar  transducer  and  the  TR-205/WQM.  These  hydrophones 
have  hooks  on  the  bottom  for  attaching  a  heavy  weight  that  helps  to  hold  the 
instrument  steady  in  ship  over-the-side  measurements. 

5.7  Noise-Measuring  Hydrophones 

The  special  feature  of  the  noise-measuring  hydrophone  is  the  low  self  noise 
requirement.  An  informal  index  of  the  quality  of  a  noise  hydrophone  has  been 
the  self  noise  per  hertz  in  decibels  referred  to  the  noise  at  Knudsen  sea  state 
zero.  Sea  state  zero  formerly  was  the  lowest  noise  field  that  the  hydrophone 
would  be  expected  to  measure.  With  modern  techniques  for  extracting  signals 
buried  in  noise,  however,  it  is  possible  to  measure  signals  far  below  the  sea  state 
noise  level. 

For  nonresonant  piezoelectric  sensitive  elements,  the  self  noise  of  the  radia¬ 
tion  resistance,  mechanical  resistance,  and  electrical  resistance  is  not  significant 
in  comparison  with  the  noise  of  the  preamplifier.  The  threshold  or  equivalent 
noise  pressure  then  is  dependent  on  the  capacitance  and  sensitivity  of  the  piezo¬ 
electric  element  as  related  to  the  preamplifier  noise  under  the  input  load  condi¬ 
tions  presented  by  the  element. 

The  inherent  noise  voltage  of  a  typical  transistor  preamplifier  is  given  in  Fig. 
5.19.  This  preamplifier,  when  used  in  a  standard  noise  hydrophone,  will  result 
in  the  equivalent  noise  pressure  shown  in  Fig.  5.20  along  with  tho  noise  in 
Knudsen  sea  state  zero. 
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Fig.  5.17.  Typical  free-field  voltage  sensitivity  M  and  tiansmitting  curxent  responses  of 
USRD  type  F36  hydrophone  and  projector  (also  Navy  type  TR-205/WQM). 


The  DT-99/PQM-1 A  hydrophone  (see  Section  5.6.1)  is  an  example  of  a  noise* 
measuring  hydrophone.  The  original  ADP  crystals  have  been  replaced  with  a 
ceramic  element  that  provides  better  vertical  directivity  and  improves  the  long¬ 
time  stability.  A  later  version  of  the  hydrophone,  typo  DT-268,  also  contains  a 
transistorized  preamplifier. 


S.8  Piezoelectric  Projector  Design 

Piezoelectric  measurement  projectors  are  designed  for  operation  below  res¬ 
onance  in  the  stiffness-controlled  frequency  range  of  the  piezoelectric  motor  ele¬ 
ments.  Usable  levels  of  sound  pressure  can  be  transmitted  by  fionresonant  ceramic 
projectors  at  frequencies  above  about  1  kHz,  and  by  nonresonant  crystal  projec¬ 
tors  at  frequencies  above  about  S  kHz.  Below  these  frequencies,  the  amount  of 
ceramic  or  crystal  becomes  too  great  to  be  practical  or  economical,  or  the  driving 
voltage  becomes  so  high  that  arcing  and  electrical  breakdown  occur.  An  excep¬ 
tion  to  tills  is  ceramic  projectors  enclosed  in  small  chambers  where  the  load 
impedance  on  the  projector  is  primarily  the  compliant  of  the  chamber.  Tito 
pressure  produced  per  volt  then  is  constant  with  frequency.  This  exception  is 
discussed  in  Section  5.9.5. 

for  most  laboratory  or  tank  measurements,  h  Is  desirable  to  have  unidirec¬ 
tional  projectors  to  discriminate  against  reflections  from  side,  top,  and  bottom 
boundaries.  In  Held  measurements,  omnidirectional  projectors  are  needed  be¬ 
cause  orientation  is  less  precise  and  controllable  ton  in  a  laboratory. 


S  (dB  r«  I  jibor) 


Fig,  S.18.  Typical  vertical  directivity  patterns  of  (JSRD  type  F36  hydrophone  and  projector  (also  Navy  type  TR-205/WQM).  The  transducer  is  om¬ 
nidirectional  within  4Q.S  dB  in  the  horizontal  plane. 
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Fig.  5.19.  Typical  transistor  preamplifier  equivalent  input  noise  in  decibels  referred  to  one 
volt  for  a  bandwidth  of  one  Hertz. 


•Nolle  levil  tor  Knudun 
110  Itoto  tiro 


i^ooo 

emitter  cspicittico 


Froavioe*  in  hi 

Fig.  S.20.  Equivalent  noise  pressure  of  a  piezoelectric  element  generator  connected  to  the 
pteamplifier  of  Fig.  5.19.  A  typical  element  sensitivity  of  -80  dti  re  l  V/*ib#r  I?  used.  The 
notie  pressure  ti  stated  in  decibels  referred  to  one  wktobar  in  a  one  Hertz  bandwidth.  • 
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The  major  projector  design  problems  are  anomalies  caused  by  spurious  reson¬ 
ances  in  the  housing  and  mounting  of  the  elements,  and  flexural  modes  of  vibra¬ 
tion  in  the  ceramic.  At  the  low  frequencies  where  the  dimensions  of  the  projec¬ 
tor  are  small  in  comparison  with  a  wavelength  in  water  and  the  simple  source 
concept  applies,  the  transmitting  voltage  response  is  a  curve  with  the  slope  12  dB 
per  octave.  This  derives  from  the  constant  displacement  per  volt  of  the  stiffness- 
controlled  piezoelectric  element.  The  transmitting  current  response  curve  has  a 
6-dB-per-octave  slope.  Transformers  are  used  to  modify  these  slopes  in  some 
transducers. 

The  acoustic  pressure  produced  at  radial  distance  r  from  a  simple  source  is 


!pl  = 


upU 
4  tr 


(5.10) 


where  U  is  the  rms  volume  velocity,  p  is  the  rms  sound  pressure,  and  w  is  the 
angular  frequency;  also,  V  a  ,  where  |  is  the  linear  displacement  of  the  radiat¬ 

ing  face  or  diaphragm  and  A  is  the  radiating  area. 

From  the  definition  of  the  d  constant  in  Section  53,  f  =  de,  where  e  is  the 
applied  voltage.  Thus, 


U  °  o)$A  ®  udeA . 

Then  the  magnitude  of  the  pressure  per  volt  is 


<*>*pdA 
47 lr 


«  U>2, 


(5.11) 


(5.12) 


The  transmitting  current  response  lias  the  slope  6  dB  por  octave  in  the  low- 
frequency  region  because  the  impedance  is  almost  entirely  a  capacitive  reactance; 
that  is, 


JL  * 
e 


(5.13) 


where  C  is  the  electrical  capacitance  of  the  free  element,  and  i  is  the  current. 
Then,  from  Eqs.  (5.12)  and  (5.13), 


l>  uflpdA  1  „  ,  „  /c . 

T  ~ Zc  (5,14) 

At  high  frequencies,  where  the  transducer  Is  not  small  in  comparison  with  a 
wavelength,  the  simple  source  concept  does  not  apply.  The  transmitting  re¬ 
sponse  then  becomes  depemkn  t  on  the  radiation  impedance  and  directivity  factor. 


MEASUREMENT  TRANSDUCERS 


257 


Both  of  these  parameters  are  in  turn  dependent  on  the  transducer  configuration, 
and  relate  to  the  diffraction  constant  according  to  Eq.  (5.4).  The  transmitting 
response  is  subject  to  the  effects  shown  in  Fig.  5.4  in  the  same  way  that  the  re¬ 
ceiving  sensitivity  is. 

Ceramic  is  the  preferred  material  for  piezoelectric  projectors  in  the  high- 
audio  and  low-ultrasonic  frequency  range.  Ceramics  have  higher  dielectric  con¬ 
stants  or  lower  electrical  impedances  than  do  crystals;  they  also  are  less  expen¬ 
sive  and  provide  more  flexibility  in  design.  The  superior  stability  of  crystals  is 
not  as  important  in  projectors  as  it  is  in  standard  hydrophones.  Crystals  are  used 
in  projectors  for  frequencies  above  100  kHz,  because  the  vibrational  modes  are 
predictable  with  good  accuracy  and  resonances  are  higher  than  for  ceramics  of 
equal  dimensions.  This  is  important  when  maximum  bandwidth  is  required. 
Also,  cross-coupling  between  vibrational  modes  usually  is  less  troublesome. 

When  transformers  are  used  to  step  down  the  high  electrical  impedance  of  the 
crystals,  the  transformer  is  considered  an  integral  part  of  the  transducer.  These 
transformers  must  transfer  energy  into  crystals,  which  have  a  mostly  reactive 
electrical  impedance,  without  distortion,  over  many  octaves.  Such  trans¬ 
formers  are  not  commonly  available  and  must  be  designed  for  the  particular 
transducer. 

If  a  piezoelectric  transducer  is  to  be  used  at  hydrostatic  pressures  above  a  few 
hundred  pounds  per  square  inch,  designers  havo  a  special  problem  with  acoustic 
shielding  to  prevent  the  sound  pressure  from  impinging  on  certain  parts  of  the 
piezoelectric  motor.  There  are  three  general  design  choices  for  acoustic  shielding: 
(1)  Use  volume  expander  materials  like  lithium  sulfate  or  lead  metaniobate  to 
eliminate  the  need  for  shielding.  (2)  Use  the  impedance  mismatch  principle 
wherein  very  low  or  very  high  acoustic  impedance  baffles  shield  part  of  the  pie¬ 
zoelectric  elements  from  the  sound  pressure.  (3)  Use  cylindrical  or  spherical 
configurations  that  expose  only  one  face  to  the  sound  pressure. 

Choice  (1)  is  suitable  for  small  hydrophone  generators,  but  less  so  for  projec¬ 
tors,  The  high  electrical  and  mechanical  impedance  of  lithium  sulfate  is  a  dis¬ 
advantage.  Lead  metaniobate  has  a  useable  hydrostatic  modulus,  but  it  is  in¬ 
ferior  to  lead  zirconate  titanate  in  most  other  respects. 

The  low-impedance  option  (2)  is  not  feasible  because  low-impedance  or 
pressure-release  materials  like  Corprene  and  cellular  rubber  lose  their  air  content 
under  high  pressure.  Further,  such  a  material  would  need  to  have  a  built-in 
high-pass  filter  characteristic.  That  is,  it  should  iiavc  a  high  static  but  a  low 
dynamic  acoustic  impedance.  High-impedance  baf  fles  can  be  obtained  from  high- 
density  materials  such  as  tungsten,  and  they  are  used  in  some  special  cases.  How¬ 
ever,  this  option  lias  the  disadvantages  of  high  volume,  idgh  weight,  and  high 
cost. 

Thin-walled  lead  zirconate  titanate  cylinders  sealed  and  capped  at  each  end 
are  commonly  used  for  high-pressure  hydrophones  (see  Section  5.6.4).  For 
projectors, large  cylinders  are  needed,  butare  difficult  to  fabricate  with  the  degree 
of  uniformity  and  symmetry  necessary  to  sustain  high  differential  stress  across  the 
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wall  thickness.  Barrel-stave-type  construction  has  been  used  with  some  success. 
Thick-walled  cylinders  approach  the  critical  wall-thickness-to-diameter  ratios  that 
nullify  the  signals  as  explained  in  Section  5.3.2.  Designing  end  caps  that  will  seal 
the  cylinder  and  yet  allow  the  cylinder  to  vibrate  radially  is  a  further  complica¬ 
tion.  Admission  of  the  oil  or  other  acoustic  coupling  mediums  and  the  high  hy¬ 
drostatic  pressure  to  the  inside  of  the  cylinder  alleviates  the  mechanical  stress; 
however,  such  a  design  stiffens  the  whole  cylinder  and  requires  a  low-pass  acous¬ 
tic  filter  between  the  inside  and  outside  of  the  cylinder. 

One  solution  to  these  several  problems,  particularly  for  omnidirectional  radia¬ 
tion,  is  a  ceramic  air-filled  spherical  shell  that  is  strong  enough  to  sustain  the 
external  pressure.  The  technology  of  fabricating  large  spheres  either  as  one  piece 
or  as  a  spherical  mosaic  of  small,  flat,  fitted  pieces  is  advancing  rapidly.  Having 
a  large  radiating  area  per  unit  volume,  such  spheres  are  feasible  for  low-audio¬ 
frequency  projectors. 

Another  possibility  is  to  use  the  shell  as  a  Helmholtz  resonator22  to  enhance 
the  low-frequency  response.  Figure  5.21  shows  the  response  of  one  such  experi¬ 
mental  transducer  designed  by  C.  C.  Sims. 
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5.9  Typical  Piezoelectric  Projector  Designs 

Since  1945,  the  development  in  the  United  States  of  wide-range  projectors 
for  measurement  applications  has  been  confined  largely  to  the  Navy  Underwater 
Sound  Reference  Laboratory  (USRL),  now  the  Underwater  Sound  Reference 
Division  of  the  Naval  Research  Laboratory.  During  World  War  II,  the  Bell  Tele¬ 
phone  Laboratories  pioneered  the  development  of  moving-coil  and  piezoelectric 
projectors  using  some  of  the  technology  developed  in  the  audio  engineering  and 
communications  business.  This  work  was  done  under  contract  to  the  Underwater 
Sound  Reference  Laboratory,  a  Columbia  University  Division  of  War  Research 
activity.  In  1945,  all  of  this  work  was  turned  over  to  the  Navy.  The  Brush  De¬ 
velopment  Company  (now  part  of  the  Clevite  Corporation)  was  the  principal 
source  of  such  piezoelectric  crystals  as  Rochelle  salt,  and  ADP  during  World  War 
II,  and  also  developed  some  wide-range  crystal  projectors.  The  projector  develop¬ 
ment  essentially  ceased  after  World  War  II,  although  the  company  continued  as 
a  primary  source  of  crystals  and  ceramics. 

All  the  typical  designs  shown  in  the  following  sections  are  those  developed  at 
the  USRL.  Some  of  these  transducers  have  been  manufactured  under  contract 
for  the  USRL  and  are  available  from  the  manufacturer  as  USRL-developed,  but 
commercially  manufactured,  projectors.  For  the  most  part,  these  USRL  projec¬ 
tors  (and  USRL  hydrophones)  are  borrowed  by  naval  activities  and  contractors 
from  the  USRL,  or  now  the  USRD  of  the  Naval  Research  Laboratory,  under  a 
formal  and  continuing  loan  program.  Some  1000  measurement  hydrophones  and 
projectors  are  in  use  throughout  the  Navy. 

All  the  typical  projectors  shown  here  are  relatively  modern.  The  older 
World  War  11  types  itavc  Seen  replaced  and  are  described  elsewhere  in  the 
literaturc.23 


5,9.1  Type  F27 

The  USRD  type  F27  transducer  was  designed  as  a  wide-range  unidirectional 
projector  for  underwater  sound  calibration  measurements  in  the  frequency  range 
I  to  40  kHz,  and  for  stable  operation  in  the  temperature  range  1  to  35UC  at 
hydrostatic  pressures  to  5000  pslg.  It  can  be  used  also  as  a  hydrophone  and  as  the 
reciprocal  transducer  in  a  reciprocity  calibration. 

...  The  piezoelectric  motor  consists  of  55  1 -in. -diameter  lead  metaniobate  disks 
0.22  in.  thick,  each  of  which  is  cemented  to  a  I-in.-diameter,  Vi-in  .-thick 
tungsten  backing  plate.  Tire  55  elements  are  arranged  in  a  circular  array 
that  Is  approximately  9  in.  in  diameter.  The  design  is  shown  in  Pig.  S.22. 
The  tungsten  backing  plates  are  molded  in  butyl  rubber  that  supports  the 
individual  elements  and  provides  a  water  seal  for  the  rear  of  the  transducer. 
The  front  acoustic  window  also  is  butyl.  Tire  transducer  is  filled  with  castor 
oil. 
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Fig.  5.22.  USRD  type  F27  levcisiblo  transducer  for  the  high-eudio  and  low-ultrasonic  range. 


A  typical  transmitting  current  response  is  shown  in  Pig.  5.23.  The  transducer 
has  beon  tested  statically  to  SOOO  psig.  but  at  this  writing  there  is  no  way  of 
calibrating  it  acoustically  at  that  pressure.  The  transducer  is  stable  in  the  fre¬ 
quency  range  1  to  20  kHz  at  all  pressures  to  1000  psig  and  at  temperatures  from 
3  to  2S°C.  In  the  frequency  range  20  to  3S  kHz,  the  sensitivity  varies  by  1  dO  hi 
the  same  temperature  and  pressure  ranges. 

Tite  directivity  of  the  P27  is  approximately  that  expected  from  unbaffled 
V-in.-diameter  uniform  piston  radiators,  except  for  the  backward  radiation  shown 
in  Pig.  5.24.  The  transducer  resonates  well  above  40  kHz  but  is  not  very  useful 
at  higher  frequencies  because  the  beam  pattern  becomes  too  sharp.  Also,  at  the 
high  frequencies  any  transducer  consisting  of  a  mosaic  of  elements  resolves  into 
ar  array  of  point  radiators,  and  high  side  lobes  appear  in  the  pattern. 

$.9.2  Type  F30 

The  USRD  type  P30  transducer  was  designed  as  a  wide-range  unidirectional 
projector  for  underwater  sound  calibration  measurements  in  the  frequency  range 
10  to  150  kHz.  and  for  stable  operation  in  the  temperature  range  0  to  35“C  at 
pressures  to  3500  psig.  Like  Ore  P27,  it  can  be  used  also  as  a  hydrophone  aud  a 
reciprocal  transducer. 


MEASUREMENT  TRANSDUCERS 


261 


Fig.  S.23.  Typical  transmitting  ament  response,  USRD  type  F27  transducer. 


The  piezoelectric  motor  is  a  rectangular  array  2  in.  high  and  M/2  in.  wide, 
consisting  of  twelve  1/2  x  1/2  x  1/16-in.  lithium  sulfate  crystals  cemented  to 
1/2-in.  tungsten  cubes.  The  array  is  supported  by  rubber  pads  in  a  steel  housing 
filled  with  castor  oil.  The  design  is  shown  in  Fig.  S.2S. 

A  transformer  having  a  turns  ratio  30:1  reduces  the  output  impedance  to  a 
nominal  100  ohms  at  20  kHz.  The  electrical  circuit  of  the  transducer  is  shown 
in  Fig.  5.26.  The  resistances  in  the  circuit  serve  to  stabilize  the  impedance. 

A  typical  transmitting  current  response  is  shown  in  Fig.  5.27.  The  response 
changes  less  than  10.5  dB  with  pressures  to  1000  psig.  Front  static  tests  and 
theoretical  considerations,  no  greater  change  is  expected  with  pressures  to  3500 
psig.  In  the  frequency  range  25  to  150  kHz,  tiie  response  varies  less  than  10.6  dB 
in  the  temperature  range  3  to  25°C. 

The  directivity  pattern  is  broader  in  the  horizontal  plane  than  it  is  in  the 
vertical  plane  because  of  the  rectangular  shape  of  the  array.  Typical  patterns  are 
shown  in  Fig.  5.28. 

S.9.3  Type  F33 

The  types  F27  and  F30  projectors  described  in  the  preceding  sections  arc 
similar  in  design.  The  major  difference  is  in  the  sizes  chosen  to  accommodate  the 
different  frequency  ranges.  Exceptional  bandwidth  can  be  achieved  by  combin¬ 
ing  two  piezoelectric  motors  into  one  projector.  Such  a  combination  is  the  dis- 
tinguislung  feature  of  tire  USRD  type  F33  transducer,  which  contains  a 


Fifr-  5.24.  Typical  directivity  patterns,  USRD  type  F27  transducer. 
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cemented  to  Kennametal  disks.  This  array  is  approximately  1 .5  in.  wide  and  2  in. 
high;  it  is  useful  in  the  frequency  range  5  to  150  kHz. 

The  larger  array  is  constructed  from  64  modified  barium  titanate  ceramic 
plates  1  in.  long  by  0.75  in.  wide  by  0.250  in-  thick.  Each  plate  is  cemented  to 
a  steel  backing  embedded  in  butyl  rubber  to  torm  an  array  approximately  8 
in.  wide  by  8.5  in.  high.  When  the  two  arrays  are  driven  simultaneously,  the 
transducer  is  useful  in  the  frequency  range  1  to  50  kHz.  Normally,  the  trans¬ 
ducer  is  calibrated  electrically  unbalanced,  with  the  shield  and  the  low-output 
lead  connected  to  ground. 

The  transducer  is  provided  with  100  ft  of  vinyl-sheathed  cable.  The  leads  to 
each  array  section  are  individually  shielded,  as  shown  in  the  circuitry  of  Fig.  5.30. 
A  1-ft  length  of  cable  provided  with  mating  connectors  serves  to  connect  the 
inner  and  the  outer  sections  in  parallel.  The  entire  transducer  than  can  be  driven 
by  a  signal  applied  to  pins  A  and  B  of  the  AN  adapter.  The  shields  are  acces¬ 
sible  at  pin  E. 
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Fig.  5.29.  Piezoelectric  ceramic  ciomont  arrays,  USRO  type  F3j  transducer. 
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Pressure-release  Corprene  is  used  between  the  individual  ceramic  elements. 
Both  sections  are  sealed  in  transparent  polyurethane;  castor  oil  provides  the 
coupling  medium  between  the  polyurethane  potting  material  and  the  butyl- 
rubber  acoustic  window. 

Typical  transmitting  current  and  voltage  responses  of  both  sections  in  parallel 
and  of  the  inner  section  alone  are  shown  in  Fig,  5.31.  Some  compromises  were 
made  in  the  design  to  keep  the  cost  within  reasonable  limits.  The  high  pressure 
limit  is  only  500  psig,  but  the  response  is  stable  to  500  psig  and  in  the  tempera¬ 
ture  range  5  to  30°C. 

Typical  directivity  patterns  are  shown  in  Fig.  5.32. 


5.9.4  TypeE8 

The  USRD  type  E8  transducer  was  developed  in  1950  as  a  calibration  trans¬ 
ducer  for  the  frequency  range  150-2000  kHz. 24  it  is  used  as  a  projector,  hydro¬ 
phone,  and  reciprocal  transducer.  The  design  and  typical  calibration  curves  are 
shown  in  Figs.  5.33  and  5.34. 

Tho  piezoelectric  element  is  a  2-cm-diameter  lithium  sulfate  disk  cemented  to 
a  Corprene  disk.  A  pulse  transformer  with  an  impedance  ratio  20:1  approxi¬ 
mately  matches  the  impedance  of  the  crystal  to  that  of  the  coaxial  cable  and 
attached  transmitting  or  receiving  circuit.  The  coupling  fluid  is  castor  oil.  The 
acoustic  window  is  natural  gum  rubber.  This  rubber  is  not  particularly  durable, 
but  it  has  less  attenuation  at  megahertz  frequencies  than  do  neoprene  or  butyl 
rubber.  The  selection  of  fluid  and  elastomer  materials  becomes  particularly  im¬ 
portant  at  megahertz  frequencies  because  of  attenuation.  The  attenuation  in 
small  volumes  of  water  itself  becomes  measurable  at  these  frequencies. 

At  the  high  frequencies,  there  is  little  need  for  high  pressure  capability.  The 
maximum  hydrostatic  pressure  for  the  E8  is  only  50  psig.  The  temperature  range 
is  5  to  35°C. 
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Fig.  5.32.  Typical  directivity  patterns  in  the  horizontal  plane,  USRD  typo  F33  transducer, 
Top  row,  both  sections  in  parallel;  bottom  row,  inner  section  only. 
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Fig.  5.34.  Typical  free-field  voltage  sensitivity  M  and  transmitting 
current  response  $  of  USRD  type  E8  transducer. 


Fig.  5.35.  Directivity.  USRD  typo  E8  transducer,  in  pianos  that  includo  the  axis. 


Moving-coil  transducers  are  not  used  at  pressures  above  1000  psi  bocause  of  the 
hazards  of  using  high-pressure  gas  in  the  compensating  system.  Also,  the  maxi¬ 
mum  static  differential  pressure  on  the  diaphragm  (±  1  psi)  remains  constant  as  the 
static  pressure  increases,  thus  the  compensating  system  must  become  increasingly 
sensitive  and,  consequently,  increasingly  complicated  and  large. 

Fortunately,  the  methods  used  for  calibrating  transducers  at  high  pressures 
and  low  frequencies  involve  small  tanks  or  chambers  (see  Sections  2.2.3,  2.3.6, 
2.3.7,  and  2.5.1).  The  radiation  load  on  the  projector  is  essentially  the  bulk 
compliance  of  the  water  in  the  tank.  Then,  the  sound  pressure  is  proportional  to 
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the  volume  displacement  of  the  projector.  Where  the  tank  is  small,  as  with  a 
coupler  described  in  Section  2.3.7,  a  small  stack  expander  of  piezoelectric  mate¬ 
rial  like  lithium  sulfate  or  lead  metaniobate  can  be  used.  For  larger  tanks  with 
volumes  of  several  cubic  feet,  the  amount  of  crystal  or  ceramic  becomes  so  large 
that  the  cost  becomes  prohibitive.  In  such  cases  the  type  G23  shown  in  Fig. 
5.36  is  used. 


Fig.  5.36.  Section  through  USRD  type  G23  transducer.  P7.T-4  ceramic  is  lead 
zlzconate  tltonite. 


In  the  G23,  ten  parallel  stacks  of  lead  zirconate  titanate  ceramic  disks  drive 
forward  against  a  relatively  light  magnesium  front  plate  or  diaphragm,  and  back¬ 
ward  against  a  heavy  steel  backing  plate.  The  hydrostatic  pressure  is  distributed 
throughout  the  transducer  by  filling  all  voids  with  silicone  oil.  Most  of  the  vol¬ 
ume  displacement  is  provided  by  the  magnesium  front  plate,  and  the  displacement 
is  proportional  to  the  voltage  applied  to  the  ceramic.  The  sound  pressure  in  the 
oil  inside  the  transducer  v..l  be  opposite  in  phase  to  the  sound  pressure  on  the 
outside  or  in  the  tank.  For  this  reason,  the  oil-filled  slits  at  the  periphery  of  the 
front  plate  must  have  a  liigh  acoustic  impedance  to  avoid  shunting  the  sound  pres¬ 
sure  in  the  tank.  This  same  problem  is  discussed  in  connection  with  the  type  J9 
in  Section  5.10. 
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The  G23  is  used  in  a  tank  1 1  in.  in  diameter  and  5  ft  long.  In  this  tank,  sound 
pressures  of  63  to  78  dB  referred  to  one  microbar  are  produced  in  the  frequency 
range  0.3  to  600  Hz  when  the  projector  is  driven  with  a  nominal  500  volts.  The 
low-frequency  response  is  limited  acoustically  by  the  acoustic  impedance  of  the 
peripheral  slit  that  functions  as  a  low-pass  filter  around  the  front  plate  and  elec¬ 
trically  by  the  problem  of  driving  a  capacitive  load  with  almost  a  direct-current 
signal. 

The  G23  is  used  to  1000  psig,  but  similar  designs  have  been  built  for  pressures 
to  1 0,000  psig. 


5.10  Type  J9  Moving-Coil  Projector  Design. 

Unlike  the  case  of  piezoelectric  transducers,  one  moving-coil  projector  design 
concept  can  be  used  for  all  measurement  applications  where  a  moving-coil 
transducer  is  desirable  or  useful.  This  design  is  exemplified  by  the  USRD  type 
J9  designed  by  C.  C.  Sims. 16 

The  USRD  type  J9  was  developed  in  1958  as  a  projector  and  reciprocal  trans¬ 
ducer  for  the  frequency  range  40  Hz  to  20  kHz.  The  design  and  a  typical  trans¬ 
mitting  response  are  shown  in  Figs.  5.37  and  5.38. 

A  lightweight,  but  stiff,  2-l/4-in.-diameter  diaphragm  is  supported  by  a  rubber 
suspension  system  that  permits  large  linear  movement  of  the  diaphragm. 

When  the  transducer  is  submerged,  water  enters  the  rear  compensation  chamber 
and  compresses  the  butyl  rubber  bag  until  the  internal  air  pressure  is  equal  to  the 
external  water  pressure.  The  diaphragm  does  not  then  undergo  any  static  dis¬ 
placement  when  the  depth  is  changed.  This  compensation  system  works  to  an 
80-ft  depth.  Beyond  that,  a  Scuba-type  compensation  system  must  be  used. 
The  compliance  of  the  air  inside  the  transducer  is  ono  of  the  factors  in  the  fun¬ 
damental  and  highly  (lamped  resonance  below  200  Hz.  The  change  in  this  com¬ 
pliance  with  static  pressure  causes  the  response  below  200  Hz  to  bo  a  function 
of  the  depth. 

The  peak  in  the  response  at  20  kHz  is  due  to  a  flexure  resonance  in  the  dia¬ 
phragm.  At  still  higher  frequencies,  other  resonances  cause  wild  fluctuations  in 
the  response  curve.  The  J9,  us  with  all  moving-coil  transducers,  is  not  very  ef¬ 
ficient-less  than  1%.  The  maximum  input  power  is  20  W  at  frequencies  above 
200  Hz.  The  USRD  typo  J 1 1  is  a  larger  version  of  the  J9  with  a  4-in.-diameter 
diaphragm  and  u  narrower  bandwidth.  The  J 1 1  is  a  few  dB  more  sensitive,  but, 
more  important,  it  can  accept  200  W  of  power.  It  is  feasible  also  to  uso  either 
the  J9  or  J 1 1  in  clusters  of  2  or  more  units  to  obtain  higher  level  signals. 

The  J9  is  omnidirectional  at  low  and  mid-uudio  frequencies.  At  the  high 
audio  frequencies,  it  has  a  very  wtdo  beamwidth  typical  of  a  2-in.-diameter  piston. 

Prior  to  tho  development  of  the  J9,  all  moving-coil  transducers  for  use  In  water 
were  designed  with  one  seemingly  unavoidable  defect:  The  spring  suspension 
at  the  periphery  of  tho  diaphragm  had  to  have  large  mochanlcal  compliance  to 
permit  large  diaphragm  displacement.  Ordinarily  this  meant  that  tho  acoustic 
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Fig.  S.36.  Typical  transmitting  current  response  of  USRD  type  J9  transducer.  Re¬ 
sponse  below  0.2  kHz  is  i  function  of  dopth. 
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impedance  of  the  transducer  also  was  low  at  the  diaphragm  periphery  as  viewed 
from  the  water.  Under  such  conditions,  the  sound  pressure  generated  in  front 
of  the  diaphragm  was  shunted,  or  could  not  be  sustained,  by  the  low  acoustic 
impedance  at  the  periphery.  In  the  J9,  the  shunt  is  avoided  by  the  dual  rubber 
suspension  on  the  front  and  back  of  tire  diaphragm  and  the  silicone-oil-filled 
slit  between  the  two  rubber  suspensions. 


5.11  Reciprocal  Transducers 

The  theoretical  requirements  for  a  reciprocal  transducer  are  given  in  Section 
2.3.  In  practice,  any  ordinary  piezoelectric  or  moving-coil  transducer  probably 
is  reciprocal  if  it  is  reversible,  passive,  and  used  with  signal  levels  in  the  linear 
range.  For  a  transducer  to  be  reversible,  it  usually  is  sufficient  that  it  have  no  pre¬ 
amplifier  or  other  nonreversible  electrical  circuit.  The  passive  requirement  elimi¬ 
nates  transducers  that  require  any  kind  of  bias  current  or  voltage. 

The  linearity  requirement  limits  signal  levels  to  a  restricted  range  of  values. 
That  is,  the  transducer  should  not  be  over-driven.  This  is  particularly  true  of 
moving-coil  transducers  at  and  near  resonance. 

Methods  for  testing  for  reciprocity  are  explained  in  Section  2.3. 

All  of  the  projectors  described  in  Sections  S.9  and  S.  10  are  used  both  as  pro¬ 
jectors  and  reciprocal  transducers. 


5.12  Doublet  Transducers 

Doublet  transducer  is  a  general  term  for  velocity  and  pressure-gradient  hydro¬ 
phones  and  doublet  or  dipole  projectors.  This  type  of  transducer  functions  as 
two,  small,  closely  spaced  transducers  operating  180°  out  of  phase.  In  practico, 
the  two  transducers  usually  are  the  opposite  sides  or  onds  of  a  single  element 
oscillating  in  a  translational  mode.  Doublet  transducers  find  more  use  in  air  (in 
the  ribbon  microphone,  for  example^)  than  they  do  in  water.  One  reason  for 
tills  is  the  shorter  wavelengths,  larger  pressure  gradients,  and  larger  particle  velo¬ 
cities  in  air. 

The  distinguishing  and  most  useful  feature  of  a  doublet  is  its  directivity  pat¬ 
tern.  If  the  two  transducers  are  both  very  small  in  comparison  with  a  wavelength 
in  water  and  aro  separated  by  a  distance  also  small  in  comparison  with  a  wave¬ 
length,  then  the  doublet  has  a  figure-eight  or  cosine  directivity  pattern. 26  That 
is,  the  pressure  at  an  angle  0  is  proportional  to  cos  0  as  shown  in  Fig.  5.39.  The 
pattern  is  essentially  independent  of  frequency  in  the  range  where  the  initial 
assumptions  about  the  dimensions  are  valid.  Some  theoretical  discussions  refer  to 
pressure-gradient  hydrophones  of  n  orders  when  the  directivity  pattern  is  given 
by  the  function  cos'1  0.  Titus,  a  pressure-gradient  hydrophone  of  the  zero  order 
is  omnidirectional.  In  practice,  the  term  pressure-gradient  means  first-order 
prossure-gradient  unless  otherwise  defined. 


Fig.  5.39.  Theoretical  model  of  a  doublet  transducer  as  two  out-of-phase 
point  sources  separated  by  a  distance  Ax,  with  a  directivity  pattern  as  a 
function  of  cos  0. 


The  use  of  a  doublet  transduce  is  the  only  practical  method  of  obtaining  even 
a  modest  degree  of  narrow-beam  directivity  at  low  and  mid-audio  frequencies 
without  resorting  to  very  large  transducers. 

The  terms  velocity  and  pressure-gradient  hydrophones  usually  are  used  inter¬ 
changeably;  however,  there  are  directions  that  can  be  made  between  the  two 
types.  These  distinctions  relate  to  the  predicted  calibration  curve  and  ore  thereby 
helpful  to  those  who  use  or  calibrate  such  hydrophones. 

Most  velocity  and  pressure-gradient  hydrophones  consist  of  some  type  of  ele¬ 
ment  that  vibrates  under  the  influence  of  lire  pressure  gradient  or  in  the  manner 
of  the  particle  velocity  in  the  water  medium. 

The  relationship  among  the  pressure,  particle  velocity,  and  pressure  gradient  in 
a  plane  progressive  wave  is  given  by 

p  ■  pat,  (5.15) 

I?/  a  -/iopu  «  -ilfyp*  (5-16) 

where  p  is  the  rms  pressure,  u  is  the  rim  particle  velocity, is  the  instantaneous 
pressure,  dpt/dx  is  tire  pressure  gradient  at  point  x  and  in  the  direction  of  the  a* 
coordinate,  to  is  the  angular  frequency,  p  is  the  density,  and  c  is  the  speed  of 
sound. 

From  these  equations,  it  is  evident  that,  given  a  constant  pressure  p  as  a  func¬ 
tion  of  frequency  to,  the  particle  velocity  u  also  will  be  constant,  but  the  pressure 
gradient  Opt/dx  will  be  proportion^  to  the  frequency.  It  should  be  noted  also 
from  Kq.  (5.16)  that  Ute  velocity  and  pressure  gradient  are  90°  out  of  phase. 
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Thus,  if  we  define  a  velocity  hydrophone  as  one  wherein  the  voltage  output  of  the 
hydrophone  is  proportional  to  u,  the  free-field  voltage  sensitivity  of  a  velocity 
hydrophone  will  be  constant  or  the  frequency  calibration  curve  will  be  flat.  On 
the  other  hand,  if  a  pressure-gradient  hydrophone  is  defined  as  one  where  the 
voltage  output  is  proportional  to  the  pressure  gradient,  the  free-field  voltage 
sensitivity  of  such  a  hydrophone  will  be  proportional  to  frequency,  or  the  fre¬ 
quency  calibration  curve  will  have  a  6-dB-per-octave  slope. 

Since  the  slope  of  a  hydrophone’s  sensitivity  curve  depends  on  both  the  trans¬ 
duction  principle  used  and  on  the  mechanical  impedance  of  the  vibrating  element, 
the  same  hydrophone  usually  will  be  a  pressure-gradient  hydrophone  below,  and 
a  velocity  hydrophone  above,  the  resonant  frequency.  The  definitions  then  de¬ 
scribe,  not  the  hydrophone  design,  but  the  idealized  scnsitivity-versus-frequency 
curve.  In  practice,  the  same  hydrophone  seldom  is  used  at  frequencies  both  below 
and  above  the  resonant  frequency.  Consequently,  the  terminology  usually  is  un¬ 
ambiguous  and  helpful. 

The  velocity  of  tire  vibrating  element  and  tire  pressure  gradient  driving  it  are 
not  necessarily  the  same  as  the  particle  velocity  and  pressure  gradient  in  the  plane 
progressive  wave.  A  major  design  objective  is  somehow  acoustically  to  amplify 
tire  wave  velocity  or  pressure  gradient  so  as  to  increase  the  hydrophone  sensitivity 
at  off-rcsonance  frequencies. 

Velocity  and  pressure-gradient  hydrophones  arc  calibrated  in  terms  of  the 
plane-wave  sound  pressure  just  us  arc  pressure  hydrophones.  When  in  some  special 
cases  the  plane-wave  velocity  is  used  as  a  reference,  the  calibration  curve  is  ad¬ 
justed  by  adding  20  log  pc  or  103.5  dB. 

5.12.1  Velocity  hydrophones 

A  typical  wide-range  velocity  hydrophone  operates  on  the  electric  generator 
transduction  principle  in  which  a  voltage  e  is  generated  when  a  wire  (usually  a 
coil)  of  length  /,  cuts  a  magnetic  field  of  flux  density  B  with  a  velocity  ue  accord¬ 
ing  to  tire  equation. 


e  “  lilue.  (S.17) 

One  type  is  similar  to  that  of  a  moving-coil  transducer  except  that  the  sound 
pressure  acts  on  opposite  sides  or  ends  of  the  coil  so  that  the  driving  pressure  is 
the  instantaneous  pressure  difference  Ap(.  The  pressure  difference  is  the  pressure 
gradient  in  the  sound  field  multiplied  by  the  acoustic  path  difference  Ax  between 
the  two  sides  or  ends  of  the  coil  exiwsed  to  the  sound  field,  and  by  cos  0  as  shown 
in  Fig.  5.39.  Thus, 


Aft  <=>  Ax  cos  6. 


(5.18) 
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Substituting  Eq.  (5.16)  into  (5.18)  produces 

Apt  =  ~i(~jpAxcosd.  (5.19) 

The  effective  path  difference  Ax  has  been  found  experimentally  to  approximate 
closely  th?  physical  dimension  around  whatever  baffle  surrounds  the  coil. 

The  quotient  A pi/uc  depends  on  the  specific  acoustic  impedance  of  the  coil 
and  its  suspension.  The  compliance  of  the  coil  suspension  is  made  very  high  so 
that  the  coil  mass  and  suspension  compliance  resonate  below  the  frequency 
range  of  interest-50  to  100  Hz,  for  example.  Then  the  impedance  is  essentially 
the  coil  and  water-load  mass  reactance  jum,  and 


A  pt  _  Jum 
uc  ~  Sc  ' 


(5.20) 


where  Se  is  the  area  of  the  coil  facing  the  sound  pressure. 

Combining Eqs.(5.17),(S.19),and(5.20)givcs  the  free-field  voltage  sensitivity 
efp; 


e  BUS  e  Ax  cos  0 

■p  me 


(5.21) 


Equation  (S.21 )  shows  that  the  sensitivity  is  independent  of  frequency  and  pro¬ 
portional  to  cos  0. 

The  first  velocity  hydrophone  of  this  type  probably  was  the  Bell  Telephone 
Laboratory  (BTL)  type  1 A  designed  about  1942  for  tlie  Underwater  Sound  Refer¬ 
ence  Laboratory .2*  Itseoil  and  magnet  arrangement  are  shown  in  Fig.  S.40.  The 
magnet  was  suspended  from  a  light  frame  and  assumed  to  be  relatively  motion¬ 
less.  A  typical  calibration  curve  is  shown  in  Fig.  5.41.  As  with  other  transducers, 
spurious  vibrations  distort  the  curve,  lire  type  1 A  has  a  very  low  sensitivity. 
Some  mote  recent  designs  based  on  tire  mass-controlled  moving-coil  principle 
Itave  higher  sensitivities  in  die  -1 10  to  -l  20  dB  range.  Figure  5.42  shows  another 
coil  and  magnetic  Held  arrangement  by  B.  B.  Bauer  at  CBS  Laboratories 

The  sound  rays  depicted  by  arrows  in  both  Figs.  5.40  and  5.42  are  not  an 
accurate  representation  of  the  sound  field  around  the  hydrophone,  but  they  do 
illustrate  in  a  general  way  the  extra  acoustic  path  Ax. 

Figure  5.42  shows  a  still  different  arrangement  by  Leslie,  et  a/.,  at  the  Naval 
Ordnance  Laboratory  (NOL).3*  In  the  NOL  hydrophone,  the  spherical  sited  and 
magnet  vibrate  white  the  coil  is  held  stationary  by  the  inertia  of  the  internal  mass 
that  is  approximately  3  times  the  mass  of  tlte  displaced  water.  The  mass  of  the 
sltell  plus  the  magnet  is  designed  to  be  the  same  as  the  mass  of  the  dis- 
placed  water.  Then  the  dynamic  deitsity  of  the  hydrophone  is  the  same  as  dial 
of  water,  and  the  velocity  of  tlte  splwrc  is  tlte  same  as  tlte  plane-wave  particle 
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Light  frame  and  thin  transparent 


t  *.  S.41,  t  tartkfcl  \wUatc  scauUvuy  «rf  lilt  type  .  \ 
hysboptotw. 


velocity  in  Ik  plane  of  Use  center  of  the  spiwrs.  Conicqucnily,  tltc  sensitivity 
derives  directly  ftoos  liqs.  (5.15)  and  (5.17): 


'8 
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The  resonant  frequency  of  the  internal  mass  and  its  suspension  is  put  below 
the  useful  frequency  range  so  that  the  impedance  is  mass  controlled  and  the 
assumption  of  coil  immobility  due  to  inertia  is  valid. 

5.12.2  Pressure-gradient  hydrophones 

A  hydrophone  developed  by  G.  L.  Boyer  at  the  Navy  David  Taylor  Model 
Basin  (DTMB)29  is  shown  in  Fig.  5.44.  The  DTMB  hydrophone  is  similar  in  de¬ 
sign  to  the  NOL  velocity  hydrophone  shown  in  Fig.  5.43.  Both  have  an  average 
density  the  same  as  water  so  that  they  move  with  the  same  particle  velocity  as 
the  displaced  water,  or,  more  strictly  speaking,  the  average  particle  velocity  over 
the  3-in.  length  of  the  hydrophone.  Both  have  an  internal  mass  in  their  electro¬ 
mechanical  sensor  and  are  typical  of  accelerometer  designs.  However,  the  DTMB 
hydrophone  senses  the  vibration  with  a  ceramic  piezoelectric  disk  sandwiched 
between  the  outer  housing  and  the  internal  mass.  As  a  result  of  this  feature,  the 
frce-field  voltage  sensitivity  of  the  DTMB  hydrophone  is  proportional  to  the  pres¬ 
sure  gradient  rather  than  to  the  velocity. 

The  internal  mass  m  is  not  stationary.  It  exerts  an  inertial  force  F  on  the 
ceramic  disk  which  acts  as  a  spring.  The  force  F  is  given  by 

F  =  m(~J  =  muu,  (5.23) 

where  u  is  the  velocity  of  the  mass. 


l-tg.  $.44.  Simplified  drawing  of  DTMB  prcuurc-fitdkot  hydrophone. 
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The  ceramic  is  a  very  stiff  spring  of  negligible  mass,  and  the  resonant  fre¬ 
quency  of  the  spring-mass  is  above  the  frequency  range  of  interest.  Then  the 
internal  mass,  outer  housing,  and  plane-wave  particle  velocities  are  all  approxi¬ 
mately  the  same.  The  voltage  output  e  of  the  piezoelectric  disk  is  given  by 


where  g  is  the  piezoelectric  modulus,  /  is  the  ceramic  disk  thickness,  and  S  is  the 
disk  area.  From  Eqs.  (5.16),  (5.23),  and  (5.24), 

•  *  (tM  <“> 

Thus,  the  output  voltage  is  proportional  to  the  pressure  gradient,  or,  using  Eqs. 
(5.15),  (5.16),  and  (5.25),  we  obtain 

■  (^r).  <w» 

and  the  free-field  voltage  sensitivity  is  proportional  to  the  frequency  w.  The 
sensitivity  of  the  DTMB  hydrophone  is  shown  in  Fig.  5.45. 


Fig.  5.45.  Free-fleld  voltage  send- 
tivity,  DTMB  and  USRL  pressure- 
gradient  hydrophones. 


Another  type  of  pressure-gradient  hydrophone  developed  by  C.  C,  Sims  at  the 
Navy  Underwater  Sound  Reference  Laboratory  (USRL)  is  shown  in  Fig.  5.46.  A 
thin  lead  zlrconaic  titanate  disk  is  cemented  to  a  beryllium  copper  diaphragm 
surrounded  by  a  tungsten  collar.  The  difference  in  pressure  on  tire  two  sides  of 
the  diaphragm  drives  the  disk  and  diaphragm  in  a  flexure  or  bending  mode.  The 
copper  and  ceramic  are  of  the  suite  thickness  and  together  they  form  a  bitaminar 
element.  The  ceramic  disk  diameter  therefore  is  stretched  on  one  half  of  the 
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vibration  cycle  and  compressed  on  the  other  half.  The  tungsten  collar  serves  to 
hold  the  diaphragm  edge  immobile  and  provides  a  baffle  to  enlarge  Ax. 


Silicone  rubber 


Ceramic  element 


Beryllium 

copper ' 


Tungsten 


Fig,  5.46.  USRL  pressure-gradient  hydrophone. 


In  the  frequency  range  below  the  flexure  resonance  where  the  impedance  of 
the  bilantinar  element  is  stiffness  controlled,  the  voltage  output  of  the  piezo¬ 
electric  disk  is  proportional  to  the  bending  pressure.  The  bending  pressure  A p 
is  given  by 


A p°  A*.  (5.27) 

Tims,  the  voltage  is  proportional  to  the  pressure  gradient  over  the  distance  Ax. 
The  free-field  voltage  sensitivity  of  the  USRL  hydrophone  is  shown  in  Fig.  S.45, 
and  a  typical  directivity  pattern  in  Fig.  $.47. 

The  pattern  is  typical  of  doublet  transducers.  A  decibel  scale  is  used.  At 
*60*,  the  sensitivity  is  6  dO  below  that  at  0°,  as  would  be  expected  from  cos  60*. 

Although  less  sensitive  than  the  NOL  type,  the  USRL  design  has  the  advanteg 
of  being  smalt  and  requiring  no  fragile  spring  suspensions  of  any  kind.  The  ttt'L 
and  NOL  types  have  spring  suspensions  on  tooth  the  coil  and  magnet.  The  CBS 
type  has  a  coil  suspension,  and  the  DTMti  type,  a  housing  suspension.  All  these 
suspensions  must  toe  carefully  designed  so  that  vibration  is  allowed  in  only  otic 
translational  mode.  Vibrations  in  the  otlier  two  translational  modes  and  any 
rotaty  motion  is  a  source  of  error.  The  compliance  of  the  magnet  or  housing 
suspension  in  (lie  BTL,  DTMU.  and  NOL  types  means  dial  these  hydrophones 


Fl|.  5.47.  Typical  directivity  in  the  horizontal  plane  at  4.0  kHz,  USRL  pmuue- 
gradknt  hydrophone. 


cannot  be  tipped  or  used  to  sense  other  than  horizontal  velocities  or  pressure 
gradients.  The  CBS  and  USRL  hydrophones  can  be  used  in  any  orientation.  The 
BTL  hydrophone  could  have  been  designed  without  the  compliant  magnet  sus¬ 
pension,  the  purpose  of  which  was  to  isolate  the  magnet  from  mechanical  vibra¬ 
tion  of  the  rigging. 

The  theoretical  model  of  a  doublet  transducer  shown  in  Fig.  5.39  as  two 
closely  spaced  identical  point  transducers  180"  out  of  phase  can  be  physically 
approximated  with  two  probe  hydrophones  electrically  connected  out  of  phase. 
This  design,  shown  schematically  in  Fig.  S.48  is,  of  course,  a  pressure-gradient 
type.  The  electrical  output  is  proportional  to  Use  pluasor  difference  between  Use 
sound  pressures  at  the  two  probes.  This  type  requires  that  the  two  probes  be 
electroacoustically  identical,  a  difficult  requirement  to  achieve  in  practice  over  a 
wide  frequency  range.  It  is  easier  to  build  a  single-element  hydrophone  and,  for 
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Fig.  S.48.  Two-pressuie-probe  pressure-gradient  hydro¬ 
phone. 


this  reason,  the  two-probe  design  has  not  found  much  use  for  wide-frequency- 
range  applications. 


5.12.3  Doublet  projectors 

Doublet  projectors  are  inherently  low-response  transducers  because  thoy  have 
built-in  pressure  cancellation.  That  is,  at  one  instant  a  positive  pressure  is  being 
generated  at  one  end  while  a  negative  pressure  is  being  generated  at  the  same  in¬ 
stant  at  the  nearby  other  end.  Nevertheless,  where  the  need  for  the  cosine 
directivity  pattern  outweighs  the  low  response,  they  are  used. 

The  NOL  hydrophone  in  Fig.  S.43  has  a  relatively  large  area  that  serves  as  a 
diaphragm,  and  it  could  be  used  as  a  projector.  It  also  has  the  low  electrical 
impedance  that  is  necessary  for  a  projector.  The  DTMB  hydrophone  lias  tlte 
targe  area,  but  the  electrical  impedance  would  be  too  high. 

The  projector  counterpart  of  the  two-probe  pressure-gradient  hydrophone 
also  can  be  used.  Two  USRL  type  19  transducers  (see  Section  5,10)  set  side  by 
side  and  electrically  connected  out  of  phase  have  been  used  as  a  quasi-doublet 
projector  to  obtain  discrimination  against  surface  and  bottom  reflections  in  a 
shallow  lake. 3d  Two  J9'$  are  much  too  targe  to  be  a  doublet  transducer  except 
at  the  low  audio  frequencies;  however,  they  provide  a  useful  approximation  to  a 
doublet  projector  up  to  several  kilolteru. 


284 


MEASUREMENT  TRANSDUCERS 


References 


t.  H.  J.  W.  l  ay , Submarine  Signal  Log  (Raytheon  Company,  Submarine  Signal  Division, 
Portsmouth,  R.I.,  1963),  Chap.  V, 

2.  R.  S.  Woollctt,  “Transducer  Comparison  Methods  Based  on  the  Electromechanical 
Coupling-Coefficient  Concept,”  1957  Institute  of  Radio  Engineers  National  Conven¬ 
tion  Record,  Part  9,  p.  23. 

3.  R.  J.  Bobber,  “Diffraction  Constants  of  Transducers,"  J.  Acoust.  Soe.  Am.  37,  591 
(1965). 

4.  T.  A.  Henriquez,  “Diffraction  Constants  of  Acoustic  Transducers,”  J.  Acoust.  Soe. 
Am.  36,  267  (1964). 

5.  W.  G.  Cady,  Piezoelectricity  (McGraw-Hill  Book  Company,  Inc.,  New  York,  1946; 
new  revised  edition,  Dover  Publications,  New  York,  1964). 

6.  W.  P.  Mason,  Physical  Acoustics  (Academic  Press,  New  York,  1964),  Vol.  1,  Part  A. 

7.  W.  P.  Mason.  Piezoelectric  Crystals  and  Their  Application  to  Ultrasonics  (D.  Van 
Nostrand  Company,  Inc.,  Princeton,  N.J.,  1950). 

8.  J.  F.  Nye.  Physical  Properties  of  Crystals  (Clarendon  Press,  Oxford  University  Press, 
London  and  New  York,  1957). 

9.  R.  A.  Langevin,  ‘The  Electro-Acoustic  Sensitivity  of  Cylindrical  Ceramic  Tubes,” 
J.  Acoust.  Soe,  Am.  26, 421  (19S4). 

10.  Summary  Technical  Report  of  Division  t>.  A 'DRV,  Vol.  13,  “The  Design  and  Con¬ 
struction  of  Magnetostriction  Transducers.”  Washington.  D.C.,  1946. 

11.  B.  A.  Wise,  "Design  of  Nickel  Magnetostriction  Transducers.”  Development  and  Re¬ 
search  Division,  The  International  Nickel  Company,  New  York,  1955.  (Note:  This  is 
an  1NCQ  report  written  by  II.  A,  Wise  under  contract  to  Ilattelle  Memorial  Institute,) 

12.  T.  F.  Iluetcr  and  R.  It.  Bolt,  Sonic s  (John  Wiley  &  Sons,  Inc.,  New  York,  19S5), 
Clap.  5. 

13.  S.  Butterworth  and  F.  D.  Smith.  “The  Equivalent  Circuit  of  the  Magnetostriction 
Oscillator."  hoc.  Phy*.  See.  (London)  43.  Part  2. 166  (1931). 

14.  L. Camp, “The  Magnetostriction  Radial  Vibrator,"!.  Acoust,  Soc.  Am.  20, 269  (1948), 

15.  C.  W.  Rice  and  E.  W.  Kellogg,  “Notes  on  the  Development  of  a  New  Type  of  Hornless 
Loud  Speaker,”  Trans.  AIEE  44,461  (1925), 

16.  C.  C.  Sims.  "High-Fidelity  Underwater  Sound  Transducers,"  hoe.  IRE  47, 866  (1959). 

17.  1.  D.  Groves,  'The  USRL  Infrasonie  Hydrophone  Type  Mil,"  Navy  Underwater 
Sound  Reference  Laboratory  Research  Report  No.  37,  3  Jan  1956  (AD-88  170). 

IS.  I.  D,  Groves  “The  USRL  Broadband  Hydrophone  Type  1117,"  Navy  Underwater 
Sound  Reference  Laboratory  Research  Report  No.  $9,  IS  Feb  1962  (AD-271  910), 

19.  C.  C.  Sims,  "Standard  Calibration  Hydrophone,"  J.  Acoust.  Soe.  Am.  31. 1676  (1959). 

20.  C.  C.  Sims,  "An  Improved  Noise-Measuring  Hydrophone,"  Navy  Underwater  Sound 
Reference  Laboratory  Research  Report  No.  52, 18  tkt  i960  (AD-244  882). 

21.  C.  C.  Sim*.  "A  Deep-Submergence  Long-Life  Hydroplane  for  Use  in  the  Ocean  at 
2200  psi  Pressure."  Navy  Underwater  Sound  Reference  Laboratory  Research  Report 
No.72.3Jun  1964  (AD440  762). 

22.  L.  F .  Kinder  and  A.  R.  Frey,  Tnndamcnuls  of  Acoustics  (John  Wiley  and  Sons.  Inc., 
New  York,  1962),  2nd  ed„  Chap.  8. 

23.  Summary  Technical  Report  of  Dictum  6,  Sin W,  Vol,  It .  "A  Manual  of  Cabbratton 
Measurements  of  Sonar  Equipment"  Washington,  D.C.,  1946. 

24.  R.  J.  Bobber,  "The  USRL  Type  F8  Transducer."  Navy  Underwater  Sound  Reference 
Laboiatory  Research  Report  No.  22, 16  Jan  1952  (AD-10  09 J; PR-164  145). 

25.  H.  F.  Olson.  Acoustical  Engineering  (D.  Van  Nostrand  Company,  Inc..  Princeton, 
N.J.,  1957).  p.  279. 

36.  Reference  25,  p,  32 


MEASUREMENT  TRANSDUCERS 


285 


27.  B.  B.  Bauer,  “Measurement  of  Particle  Velocity  in  Underwater  Sound,”  in  Lateral 
Line  Detectors,  P.  Cahn  (ed.)  (Indiana  University  Press,  Bloomington,  Ind.,  1967), 
Chap,  27. 

28.  C.  B.  Leslie,  J.  M.  Kendall,  and  J.  L.  Jones,  “Hydrophones  for  Measuring  Particle 
Velocity,”  J.  Acoust.  Soc.  Am.  28,  711  (1956). 

29.  G.  L.  Boyer.  “Instrumentation  for  Measuring  Underwater  Acoustic  Intensity,”  J. 
Acoust.  Soc.  Am.  32,  1519(A)  (1960);  also,  USN  David  Taylor  Model  Basin  Pre¬ 
liminary  Report  "Acoustic  Intensity  Meter"  by  G.  L.  Boyer,  Dec  1959. 

30.  R.  J.  Bobber,  “Near  Field  of  a  Dipole  for  Measurements  in  Shallow  Lakes,”  J. 
Acoust.  Soc.  Am.  40, 1300  (1966). 


\ 


Chapter  VI 


MEASUREMENTS  ON  AUXILIARY  MATERIALS 


6.1  Introduction 

Acoustic  windows  and  domes,  baffles,  reflectors,  ancchoic  coatings,  and 
bulk  sound  absorbers  are  important  in  the  functioning,  application,  arid  testing  of 
underwater  electroacoustic  transducers.  The  techniques  and  facilities  for  evaluate 
ing  these  auxiliary  materials  are  very  similar  to  those  used  in  transducer  calibra¬ 
tion  measurements.  Because  of  this  intimate  relationship,  a  chapter  on  measure¬ 
ments  to  evaluate  such  materials  is  included  in  this  book  even  though  these 
measurements  are  acoustic  rather  than  electroacoustic. 

The  word  “material”  is  used  to  mean  any  one  of  or  any  combination  of 
windows,  reflectors,  baffles,  anechoic  coatings,  and  bulk  absorbing  materials.  In 
most  of  the  measurements,  however,  we  evaluate  not  the  material  itself  but  a 
particular  sample  whose  dimensions,  configuration,  and  means  of  support  all 
influence  the  result.  Sometimes,  the  particular  sample  is  a  complete  hardware 
item-a  sonar  dome  or  transducer  window,  for  example.  At  other  times,  it  is  a 
partly  complete  hardware  item,  like  a  section  of  an  anechoic  coating.  As  we 
shall  see,  only  in  the  evaluation  of  “bulk  absorbing  materials,”  among  the  five 
types  of  material  evaluations,  is  the  result  independent  of  the  particular  sample 
dimension  or  configuration,  and  even  litre  “bulk  absorption”  must  be  carefully 
defined  (see  Section  6.S). 

Windows,  reflectors,  baffles,  and  anechoic  coatings  constitute  a  complete 
set  of  materials  insofar  as  their  function  is  concerned.  Ideal  specimens  of  the  four 
materials  will,  respectively,  (I)  transmit  100%,  (2)  reflect  100%,  (3)  transmit  0%, 
and  (4)  reflect  0%  of  the  sound  Incident  on  them.  Each  of  these  four  materials 
can  be  evaluated  by  measuring  the  percentage  of  sound  transmitted  through  and  re¬ 
flected  from  the  material  when  a  sample  is  immersed  in  water.  These  two  measured 
characteristics,  called  the  “insertion  loss”  and  “echo  reduction  ”  are  defined  by 


Insertion  loss 


Incident  sound  pressure 
ran imilted  sound  pressure  ‘ 


Echo  reduction  =>  20  log 


Incident  sound  pressure 
Reflected  sound  pressure  ‘ 
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Plane-wave  propagation  is  assumed  in  both  definitions.  As  defined,  both  charac¬ 
teristics  are  expressed  in  positive  decibel  units.  These  terms  are  preferred  oyer 
similar  terms  such  as  transmission  loss  and  reflection  loss,  because  they  are  less 
ambiguous,  they  conflict  less  with  terms  used  in  architectural  acoustics  and  elec¬ 
trical  engineering,  and  the  names  relate  directly  to  the  measurement  technique. 

In  some  measurements,  “absorption  loss”  is  computed  from  the  insertion 
loss  and  echo  reduction  by  assigning  all  missing  sound  energy  to  absorption.  This 
is  not  a  good  procedure  if  the  material  is  not  an  absorber,  which  usually  is  true 
of  windows,  reflectors,  and  baffles,  because  in  practice  more  sound  energy  may 
be  scattered,  diffracted,  or  refracted  than  is  absorbed. 

The  measurement  of  insertion  loss  and  echo  reduction  is  very  simple  in 
theory,  but  can  be  very  difficult  in  practice. 

Evaluation  measurements  of  a  bulk  absorbing  material  are  complex  in  both 
theory  and  practice.  The  significant  characteristics  of  a  bulk  absorber  are  the 
attenuation  constant  a  and  the  complex  wave  number  k,  which  are  the  real  and 
imaginary  parts  of  the  complex  propagation  constant  7,  where  7  =  a  +  Jk.  These 
terms  are  defined  and  discussed  in  Section  6.4. 

In  most  respects,  the  evaluation  measurement  theory  of  acoustic  materials 
is  analogous  to  the  same  theory  for  evaluating  electrical  resistors,  capacitors,  in¬ 
ductors,  and  cables. 

6.2  Insertion  Loss 

Insertion  loss  is  the  reduction  in  the  signal,  in  decibels,  caused  by  inserting 
the  material  between  the  sound  source  and  the  receiver  with  diffraction  and  re¬ 
fraction  effects  absent,  The  insertion  loss  of  the  material  is  due  to  tire  combina¬ 
tion  of  sound  reflected  from  the  material  and  sound  absorbed  In  the  material. 
In  any  practical  window  material  and  in  most  baffles,  however,  the  absorption  is 
negligible. 

The  measurements  are  of  two  general  types.  In  the  early  stages  of  develop¬ 
ing  a  sonar  dome,  a  transducer  rubber  boot,  a  soundproof  housing,  and  so  forth, 
the  best  material  usually  is  selected  on  the  basis  of  measurements  made  on 
samples  in  the  form  of  plane  sheets.  The  sample  is  large  enough  for  the  insertion 
loss  to  be  essentially  independent  of  the  lateral  dimensions,  though  still  depen¬ 
dent  on  the  thickness.  Tltat  is,  the  sample  is  intended  to  simulate  an  inftnitely 
long  and  wide  sample. 

In  the  second  type  of  measurement,  the  material  is  of  the  siae  and  configura¬ 
tion  ht  which  it  will  be  used.  In  the  case  of  a  sonar  dome,  the  material  is  in  its 
streamlined  shape,  complete  with  structural  reinforcement,  holes,  flanges,  and  so 
forth.  In  tire  second  tyjw  of  measurement,  the  conditions  under  which  the  inser¬ 
tion  loss  is  measured  should  be  the  same  as  the  conditions  of  actual  use.  l:or 
example,  measurements  on  a  sonar  dome  should  he  made  with  the  actual  sonar 
transducer  inside  the  dome.  The  insertion  loss  then  depends  on  the  shape,  size, 
and  mounting  of  the  dome,  die  sonar  transducer,  and  added  hardware  such  as 
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reinforcing  structure  and  the  flange  needed  to  attach  the  dome  to  a  ship.  Ideally, 
the  strip  hull  also  shouiri  be  in  place,  but  this  usually  is  impractical. 

Data  obtained  from  measurements  on  a  sheet  are  subject  to  theoretical 
analysis  and  prediction.  The  results  of  hardware  measurements  usually  are  not. 


6.2.1  Theoretical  insertion  loss 

When  plane  waves  impinge  normally  on  a  plate  of  a  homogeneous  non¬ 
absorbing  material  of  uniform  thickness,  and  water  is  on  both  sides  of  the  plate, 
the  theoretical  insertion  loss  is  given  by 


Insertion  loss  =  10  log 


(1-m2)2 

4m2 


(sin2  kx)  +  1 


(6.1) 


where  m  is  the  ratio  of  the  characteristic  impedance  pc  of  the  material  to  the 
characteristic  impedance  of  water  (pwcw  -l.SxlQ6  rayls),  k  is  the  wave  number, 
and  x  is  the  thickness  of  the  plate.  Figure  6.1  shows  insertion  loss  curves  for 
steel  and  cork  plotted  from  Eq,  (6.1)  and  using  m  =  26  and  c  »  5,000  m/sec  for 
steel  and  in  =  1/12  and  c  =  500  m/sec  for  cork.  Equation  (6.1)  remains  un¬ 
changed  if  1/mj  is  substituted  for  m.  Physically,  this  means  a  high-impedance 
material  such  as  tin  (m  a  12)  can  have  the  same  insertion  loss  as  a  low-impedance 
material  such  us  cork  (m  *1/12),  where  m  for  one  material  is  the  reciprocal  of 
m  for  the  other  material,  and  kx  is  the  same  in  each  case. 


Pig.  6.1 .  tirho  reduetkm  and  uuetUtM  tu>  of  S/C4a.  urej  (dated  Una) 
sad  1/tNa.  cork  (wild  Lao)  m  water. 
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The  insertion  loss  becomes  zero  whenever  kx  =  0,  n,  2rr,  3 ir,  etc.  Thus, 
any  nonabsorbing  material  is  transparent  when  the  thickness  is  near  a  multiple 
of  a  half  wavelength.  The  insertion  loss  also  is  zero  when  a  perfect  impedance 
match  exists,  or  when  m  =  I .  The  maximum  insertion  loss  occurs  when  kx  - 
rr/2,  3rr/2,  Srr/2,  etc.,  or  when  the  thickness  is  an  odd  multiple  of  a  quarter 
wavelength. 

It  is  well  known  that  a  layer  of  air  is  a  very  good  baffle  for  underwater  sound 
because  m  =  1/3600.  A  layer  of  air  in  the  form  of  an  independent  baffle,  how¬ 
ever,  is  very  difficult  to  achieve  in  practice.  One  approach  is  to  use  an  air  sand¬ 
wich;  that  is,  two  streets  of  metal  or  other  stiff  material,  sealed  at  the  edges,  with 
air  between.  There  are  two  practical  problems  with  air  sandwiches.  They  must 
eitfter  be  pressure  compensated  or  have  supports  between  the  plates  to  prevent 
the  hydrostatic  pressure  from  bending  or  even  collapsing  the  metal  plates.  Second, 
the  plates  must  be  rigidly  joined  at  the  edges.  Any  supports  and  rigid  edge  joints 
act  as  acoustic  short  circuits;  that  is,  the  sound  vibration  will  be  transmitted 
through  these  rigid  parts,  bypassing  the  air  layer.  If  the  supports  are  closely 
spaced,  as  in  a  honeycomb,  the  sandwich  acutally  becomes  a  good  ucuustic  win¬ 
dow.  When  an  air  sandwich  is  evaluated  as  a  baffle,  therefore,  it  is  necessary  to 
qualify  the  measured  insertion  loss  as  applying  only  to  the  particular  sample 
tested.  Another  baffle  with  the  same  metal-air-metal  thickness  dimension  but 
different  lateral  dimensions,  internal  supports,  or  edges  could  have  a  different 
insertion  loss. 

A  second  approach  to  air  baffles  is  to  assume  that  cork,  or  a  cork-neoprene 
irix ture  called  Corprene,  is  essentially  the  same  as  air,  acoustically.  From  the 
values  of  m  ■  1/12  for  cork  ami  m  c  1/3600  for  air,  it  can  be  seen  flat  ibis  may 
not  be  a  very  good  assumption.  In  fact,  cork  lias  a  better  impedance  match  with 
water  than  does  steel  (m  3  26).  Tiro  sloe,1  speed  of  sound  in  cork  is  an  advantage, 
however;  a  wavelength  in  cork  is  only  one-tenth  as  tong  as  a  wavelength  in  steel, 
and  consequently  a  cork  battle  on  be  much  thinner  than  an  equivalent  steel 
.  baffle.  ' 

6.2.2  Measurement  of  imrttioo  loss 

Insertion  loss  measurement  is  a  straightforward  procedure.  ^  projector-in- 
hydrophone  signal  is  measured  before  and  after  the  insertion  of  the  material 
'-'between  the  two  transducers. and  the  difference  i*  noted,  Although  puWed  sound 
as  described  in  Section  3  is  preferred,  ac-w  (conimuotis-wave)  signal  can  be  used, 
and  has  some  advantages  at  very  tow  frequencies.  Interference  caused  by  teflcc- 
feoos  from  the  surfsee  anil  bottom  and  from  the  figging,  and  diffraction  of  sound 
around  the  sample  are  sources  ot  error.  The  error  introduced  by  such  inter¬ 
ference  is  mmimoed  by  keeping  the  distance  from  projector  to  hydrophone  short. 
Rigging  teflectbvm  are  mkhmued  by  keeping  frameworks  as  remote  as  possible 
and  acoustically  as  transparent  as  possible.  the  nicasutcmeut  arrangement  and 
Ute  interfering  sign  arc  ate  illustrated  hr  Fig,  0.2. 
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•  M  6.3.  Airaafsmwl  for  meuunmmt  of  insertion  lou  and  echo 
uductioa  showing  edge  dif Cuciioa  waves. 


Wane-wave  propagation  was  assumed  m  rhe  dafifiilimvef  tnsejtles  less,  but,  of 
eou»se,  spherical  waves  are  used  in  practice.  As  in  the  calibration  of  hydro* 
pltones,  if  the  hydrophone  is  small  enough  so  that  it  intercepts m^Wtialiy 
plane.wave  segment  of  a  spherical  wave,  the  measurement  is  valid. 

Diffraction  interference  a  minimized  by  using  the  largest  possible  sample  sue 
and  by  using  asymmetrical  geometry -that  U,  by  using  square  or  rectangular  /: 
samples  and  by  having  the  imaginary  lute  connecting  the  protector  and  hydro* 
phone  asyrmmrwal  with  respect  to  the  sample.  The  connecting  line  should  not 
pass  through  the  center  of  the  sample.  These  two  conditions  destroy  the  colter* 
cnee  of  the  diffraction  interference.  That  is,  the  infinite  number  of  ray  path* 
around  the  sample  will,  with  a  few  exceptions,  *41  be  of  different  lengtiu.  Con* 
wituentiy,  the  signals  for  each  path  measured 'm  the  hydrophone  will  not  be  m 
phase  with  each  other,  The  result  is  a  phasor  stisn  that  is  lower  than  the  sum  for 
the  symmetrical  ease. 

A  circular  sample  and  a  hydrophone  positron.  on  the  ccstctitnc  of  the  sample  N 
is  tlte  worst  arrangement  because  it  produce*  the  hugest  diffraction  signal,  liven 
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if  the  sample  is  perfectly  opaque,  the  intensity  at  the  hydrophone  position  is  the 
same  as  if  the  sample  were  not  there!  This  corresponds  to  the  bright  spot  behind 
a  circular  opaque  obstacle  that  is  well  known  in  optics. 

The  intensity  of  the  diffraction  around  the  edge  is  proportional  to  the  impe¬ 
dance  mismatch  between  the  sample  material  and  water.  Thus,  the  diffracted 
signal  intensity  is  lower  in  measurements  on  window  materials  than  on  baffles. 
Moreover,  since  the  signal  level  transmitted  through  a  window  is  higher  than  that 
through  a  baffle,  the  ratio  of  diffracted  signal  level  to  transmitted  signal  level  is 
much  higher  in  baffle  measurements  than  in  window  measurements.  Window  in¬ 
sertion-loss  measurements  have  been  made  on  samples  as  small  as  two  wave¬ 
lengths  square.  The  insertion  loss  as  a  function  of  angle  of  incidence  is  measured 
by  rotating  the  sample  in  its  position  between  the  projector  and  the  hydrophone. 
Since  the  effective  width,  or  width  normal  to  the  imaginary  line  joining  the  pro¬ 
jector  and  hydrophone,  becomes  smaller  as  the  sample  begins  to  rotate,  the  dif¬ 
fraction  becomes  worse.  Measurements  at  grazing  angles,  or  angles  of  incidence 
near  90°,  become  difficult  unless  the  sample  is  very  large.  Angles  of  incidence 
other  than  norma!  also  give  rise  to  shear  and  transverse  waves  in  the  sample.  Then, 
measurements  on  small  samples  involve  very  complicated  wave  phenomena  and 
are  not  very  useful;  measurements  on  the  finished  hardware  item  become  very 
important. 

6.3  Echo  Reduction 

Echo  reduction  is  the  impm  tant  parameter  of  reflectors  and  anechoic  coat¬ 
ings.  It  is  a  measure  of  how  much  the  incident  sound  pressure  level  is  reduced 
after  reflection. 

Echo  reduction  depends  on  the  acoustical  impedance  mismatch  at  the  reflect¬ 
ing  boundary.  The  boundary  acoustical  impedance  in  turn  depends  on  the  mate¬ 
rial  itself,  its  thickness,  and  usually  on  how  the  material  is  “backed  up." 

As  with  insertion  loss,  there  are  two  general  types  of  echo  reduction  measure- 
ments-those  on  sample  sheets,  and  those  on  complete  hardware  items. 

Anechoic  coatings,  unlike  windows,  baffles,  and  reflectors,  sometimes  are  not 
made  of  a  homogeneous  material.  Windows,  baffles,  or  reflectors  require  only  a 
good  acoustical  impedance  match  or  mismatch  with  water.  An  anechoic  coating 
has  a  more  complicated  function:  it  should  make  an  otherwise  good  reflector 
appear  to  be  acoustically  transparent.  First,  the  coating  must  have  a  good  im¬ 
pedance  match  with  the  water  so  the  sound  energy  will  not  be  reflected.  Second, 
after  entering,  the  coating,  the  sound  energy  must  be  absorbed,  otherwise  tho 
sound  will  be  reflected  at  some  subsequent  boundary  such  as  the  wull  or  ship 
hull  to  which  the  coating  is  attached.  Thus,  both  the  echo  reduction  and  the 
insertion  loss  should  be  high. 

It  is  difficult  to  make  thin  homogeneous  anechoic  coatings  with  absorbing 
characteristics  that  are  independent  of  frequency.  Anechoic  coatings  usually 
consist  of  a  layer  of  rubber  or  rubber-like  material  mixed  with  cither  low-acoustic- 
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impedance  air  voids  or  high -acoustic-impedance  metal  particles.  The  intent 
is  to  cause  shear  motions  in  the  rubber  rather  than  simple  compression  and 
elongation.  The  backing  material  is  an  integral  part  of  the  coating;  for  example, 
the  thickness  of  the  steel  plate  to  which  a  coating  usually  is  attached  and  the 
medium  (air  or  water)  behind  the  steel  affect  the  anechoic  characteristics.  Be¬ 
cause  the  coating  is  heterogeneous,  it  may  be  and  usually  is  resonant.  This  results 
in  large  vibration  amplitudes  and  large  echo  reduction  in  a  narrow  band  of 
frequencies. 

Reflectors  are  made  simply  of  either  a  material  having  a  very  low  acoustical 
impedance  (cork,  Corprene,  or  an  air  sandwich)  or  a  very  high  acoustical  im¬ 
pedance  (steel,  nickel,  tungsten).  In  some  special  cases,  various  types  of  tuned 
or  resonant  spring-mass  systems  or  quarter-wave  stubs  have  been  used  to  obtain 
high-impedance  boundaries.  Such  devices  are  feasible  only  for  a  narrow  band  of 
frequencies. 

If  the  angle  of  incidence  is  the  variable,  echo  reduction  needs  further 
definition-specifying  the  reflection  angle.  Sometimes,  specular  reflection  is  of 
primary  interest  (a  material  for  a  tri-plane  target  simulator  or  an  acoustic  mirror); 
at  other  times,  most  of  the  sound  may  be  reflected,  but  not  necessarily  as  a 
specular  reflection  (a  nonplanar  surface)..  This  ambiguity  is  present  in  all  reflec¬ 
tion  measurements;  consequently,  the  intended  use  of  the  material  must  be 
known  and  the  appropriate  kind  of  reflection  must  be  measured.  The  terms 
“monostatic"  and  “bistatic"  are  used  in  this  connection.  Monostatic  pertains  to 
a  measurement  at  one  point;  that  is,  the  source  and  receiver  are  at  the  same  point, 
or  the  angle  of  incidence  and  reflection  are  the  same  angle.  Bistatic  pertains  to 
two  points;  that  is,  the  source  is  at  one  angle  and  the  receiver  at  another.  Specu¬ 
lar  reflection  is  the  special  case  of  bistatic  reflection  when  the  angle  of  reflection 
is  equal  and  opposite  to  the  angle  of  incidence. 

6.3.1  Theoretical  echo  reduction 

As  with  insertion  loss,  theoretical  echo  reduction  can  be  computed  most  easily 
for  sound  incident  normally  on  a  uniform  plate  of  nonabsorbing  material  immersed 
in  water.  Otiier  situations  are  more  complex  and  are  beyond  die  scope  of  tills  book. 

The  theoretical  echo  reduction  for  a  nonabosrbing  homogeneous  material  in  a 
water  medium  is  given  by 

Echo  reduction  «  ioi(^[^— +  jJ,  (6.2) 

where  m  and  kx  are  the  same  as  in  Oq.  (6.1).  As  in  Eq.  (6.1),  llm  can  be  sub¬ 
stituted  for  m  without  changing  the  equation.  Echo  reduction  decreases  gradually 
with  increasing  frequency  until  the  thickness  becomes  a  quarter  wavelength  and 
then  Increases  until  the  thickness  becomes  a  half  wavelength.  When  the  kx  term 
in  Eq.  (6.2)  is  rr/2,  ini 2,  in  12,  etc.,  or  wheu  the  thickness  is  an  odd  multiple  of 
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a  quarter  wavelength,  the  echo  reduction  is  a  minimum.  For  either  large  or  small 
values  of  m  (that  is,  for  m  »  1  or  m  «  1),  the  echo  reduction  is  close  to  zero, 
but  theoretically  never  reaches  zero.  When  kx  =  0, 7r,  2tt,  etc.,  the  sine  term  in 
Eq.  (6.2)  is  zero  and  the  reduction  becomes  infinite  for  any  finite  value  of  m. 
This  means  that  any  nonabsorbing  material  is  perfectly  transparent  when  the 
thickness  is  a  multiple  of  a  half  wavelength.  The  echo  reduction  is  infinite  also 
when  m  =  1,  of  course.  These  are  the  same  conclusions  inferred  from  Eq.  (6.1). 

Figure  6.1  shows  the  echo  reduction  of  two  typical  reflector-type  materials. 
The  1/8-in.  cork  becomes  completely  transparent  at  78  kHz.  The  corresponding 
frequency  for  the  5/8-in.  steel  is  186  kHz.  Again  we  see  that  cork  is  not  equival¬ 
ent  to  air  as  is  sometimes  assumed.  A  true  layer  of  air  is  a  good  reflector;  a  1/8-in. 
layer  has  an  echo  reduction  of  only  0.0004  dB  at  1  kHz. 


6.3.2  Measurement  of  echo  reduction 

Echo  reduction  usually  is  measured  with  the  arrangement  shown  in  Fig.  6.2. 
Both  the  incident  sound  and  the  reflected  sound  are  measured  by  the  probe 
hydrophone  placed  close  to  the  material  sample.  Two  techniques  are  used  to 
separate  the  two  measured  signals.  With  a  short  pulse  technique,  the  incident  and 
reflected  sounds  can  be  separated  by  the  time  interval  required  for  the  pulse  to 
travel  the  path  from  the  hydrophone  to  the  sample  and  back  to  the  hydrophone. 
With  an  interferometer  technique,  the  two  signals  are  allowed  to  overlap,  and  are 
computed  from  the  maximum  and  minimum  signal  levels  that  result  from  con¬ 
structive  and  destructive  interference. 

As  with  the  measurement  of  insertion  loss,  reflections  and  diffraction  are  the 
main  measurement  problems.  The  diffraction  effects  are  more  than  the  conven¬ 
tional  diffraction  “around"  an  obstacle.  When  plane  waves  impinge  normally  on 
a  reflecting  plate,  the  reflected  sound  is  indistinguishable  from  the  sound  that 
would  emanate  from  the  plate  if  the  plate  were  vibrating  as  a  source.  Thus,  a 
probe  near  the  plate  is  in  the  near  field  or  Fresnel  zone  of  the  plato.  The  reflected 
sound  can  bo  considered  to  be  the  combination  of  two  waves:  (1)  a  plane  wave 
of  the  same  amplitude  and  phase  us  would  be  reflected  from  an  infinitely  large 
plute.  and  (2)  a  diffracted  wave  that  appears  to  emanate  from  the  edge  of  the 
plate,  and  which  is  similar  to  the  diffracted  wave  that  “goes  around"  the  plate  in 
an  insertion-loss  measurement. 

When  short  pulses  of  sound  are  used  and  the  Incident  and  reflected  sounds  are 
separated  in  time,  it  is  necessary  also  to  separate  the  reflected  and  diffracted 
pulses.  The  two  separation  requirements  have  opposite  effects  on  th*  ^election 
of  the  sample-to-probe  distance.  Increasing  this  distance  increases  the  reflected 
and  incident  pulse  separation  but  decreases  the  reflected  and  diffracted  pulse 
separation.  Decreasing  the  distance  has  a  reverse  effect,  lit  practice,  the  distance 
is  kept  as  small  as  possible  and  minimum  pulse  lengths  are  used.  The  pulse  length 
cannot  be  made  shorter  than  about  two  cycles,  however,  which  sets  a  low- 
frequency  limit  for  the  technique.  Longer  minimum  pulse  lengths  are  needed  for 
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resonant  reflectors.  Short-pulse  sound-reflection  measurements  in  water  gen¬ 
erally  are  useful  only  when  the  sample  is  five  or  more  wavelengths  long  and  wide. 

Diffraction  effects  are  minimized  by  asymmetrical  geometry  as  described  in 
Section  6.2.2  for  insertion-loss  measurements. 

Measuring  the  pulse  reflected  from  a  resonant  coating  is  complicated  by  the 
fact  that  the  coating  acts  like  a  notch  filter.  The  fundamental  or  carrier  frequency 
is  attenuated  much  more  at  the  resonance  frequency  of  the  coating  than  are  the 
si;>hand  frequencies  in  the  pulse  spectrum;  consequently,  the  high  echo  reduc¬ 
tion  at  resonance  is  masked  by  the  lower  echo  reduction  at  the  sideband  fre¬ 
quencies.  A  very  narrow-band  wave  analyzer  at  the  output  of  the  probe  hydro¬ 
phone  is  needed  to  obtain  the  true  echo  reduction  near  the  resonance  frequency. 

At  low  frequencies  (long  wavelengths),  where  short  pulses  are  not  feasible,  an 
interference  technique  can  be  used.  A  probe  hydrophone  is  placed  close  to  the 
sample  where  it  will  simultaneously  receive-the  signal  that  arrives  directly  from 
a  distant  source  and  a  signal  that  arrives  after  reflection  from  the  sample.  Either 
c-w  or  long-pulse  signals  are  used.  A  long  pulse  is  one  that  is  long  enough  to  cause 
overlapping  of  the  direct  and  reflected  signals  but  still  short  enough  to  “gate  out” 
diffraction,  surface  reflection,  and  so  forth.  The  probe  measures  the  phasor  sum 
of  the  incident  and  reflected  sound  pressures.  By  sweeping  through  a  range  of 
frequencies,  the  phase  between  the  incident  and  reflected  signals  will  change  con¬ 
tinually.  The  magnitude  of  the  sum  signal  will  oscillate  between  the  in-phase 
and  the  out-of-phase  conditions  with  a  pattern  similar  to  that  produced  by  inter¬ 
ference  front  surface  reflections,  standing  waves,  or  crosstalk  in  transducer  cali¬ 
bration  measurements.  We  are,  in  fact,  deliberately  producing  standing  waves. 
The  probe  should  be  at  least  ono  quarter  wavelength  from  the  reflecting  surface 
and  preferably  several  wavelengths  away.  If  the  probe  is  too  close,  the  frequency 
interval  between  peaks  (or  nulls)  in  the  oscillation  pattern  is  large,  and  the  pat¬ 
tern  is  difficult  to  identify.  Figure  6.3  shows  an  example  in  which  the  interfering 
signal  or  reflection  is  half  the  direct  signal  and  illustrates  how  the  relative  ampli¬ 
tude  of  two  interfering  signals  is  found  with  the  aid  of  Fig.  6.4  or  Table  6,1.  Since 
the  direct  signal  alone  can  be  obtained  by  merely  removing  the  sample,  the  intcr- 
fcrencc-to-direct  signal  ratio  con  be  obtained  either  os  a  numeric  ratio  or  in 
decibels  from  any  of  the  throe  measured  values  in  Fig.  6.3 ;  that  is,  from  ( 1 )  M  AX 
(2)  MIN,  or  (3)  MAX  +  MIN.  Since  the  depth  of  sharp  nulls  is  subject  to  greater 
error  than  is  the  rounded  maximums,  the  MAX  measurement  shown  in  the  figures 
is  most  reliuble.  Table  6,1  is  merely  a  tabulation  of  the  same  values  presented 
graphically  In  Fig.  6.4  and  is  more  suitable  for  small  or  precise  values.  The  inter¬ 
ference  technique  is  similar  in  principle  to  the  technique  used  in  air  acoustics  to 
measure  the  acoustic  impedance  at  a  boundary  terminating  a  tube. 

In  practice,  the  sound  waves  that  impinge  on  (lie  sample  reflector  are  not 
plane.  Normally,  tills  does  not  affect  the  measurements  unless  it  results  in  trans¬ 
verse  wave  motion.  It  muy  help  to  some  extent  because  it  introduces  a  shading 
effect.  That  is,  considering  the  plate  as  a  vibrating  source,  the  vibration  at  the 
periphery  will  be  slightly  lower  in  amplitude  titan,  and  have  a  pltase  tag  with 
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Fig.  6.3.  Effect  of  interference  on  a 
direct  signal.  MAX  =  3.5  dB.  MIN 
=  6  dB,  From  Fig.  6.4  or  Table  6.1, 
the  ratio  of  interference  signal  level 
to  direct  signal  level  is  0.5,  or  6  dB 
down. 


Fig.  6.4.  Magnitude  of  interference  signals. 


respect  to,  the  vibration  at  the  center.  Such  shading  reduces  the  near-field  undula¬ 
tions  caused  by  edge  diffraction.  Die  spreading  loss  of  spherical  waves  does 
mean,  however,  that  a  distance  loss  correction  must  be  applied  to  the  measured 
ratio  of  reflected  signal  level  to  direct  signal  level.  Whenever  sound  impinges  on 
a  material  at  angles  other  than  normal  incidence,  transverse  waves  may  be  excited 
in  the  materia).  Such  waves  may  interfere  with  the  longitudinal  waves  that  are 
presumed  to  carry  al)  tlie  sound  energy.  Consequently,  the  measurement 
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Table  6.1.  Magnitude  oflnterference 


D  =  Direct  Signal  /  =  Interference  Signal 


I/D 

Max 

[  (P+DID) 

Min 

1(D~I)ID] 

Max-to-Min 

Spread 

-dB 

Ratio 

+dB 

Ratio 

-dB 

Ratio 

dB 

0.0 

1.000 

6.0 

2.000 

oo 

0.000 

OO 

0.5 

.944 

5.8 

1.944 

25.0 

.056 

30.8 

1.0 

.891 

5.5 

1.891 

19.9 

.109 

25.4 

1.5 

.841 

5.3 

1.841 

16.0 

.159 

21.3 

2 

.794 

5.1 

1.794 

13.7 

.206 

18.8 

3 

.708 

4.7 

1.708 

10:7 

.292 

15.4 

4 

.631 

4.3 

1.631 

8.7 

.369 

13.0 

5 

.562 

3.9 

1.562 

7.2 

.438 

11.2 

6 

.501 

3.5 

1.501 

6.1 

.499 

9.6 

7 

.447 

3.2 

1.447 

5.1 

.553 

8.3 

8 

.398 

2.9 

1.398 

4.4 

.602 

7.3 

9 

.355 

2.6 

1.355 

3.8 

.645 

6.4 

10 

.316 

2.4 

1.316 

3.3 

.684 

5.7 

12 

.251 

2.0 

1.251 

2.5 

.749 

4.5 

14 

.200 

1.6 

1.200 

1.9 

.800 

3.5 

16 

.159 

1.3 

1.159 

1.5 

.841 

2.8 

18 

.126 

1.0 

1.126 

1.2 

.874 

2.2 

20 

.100 

0.8 

1.100 

0.9 

.900 

1.7 

25 

.056 

0.5 

1.056 

0.5 

.944 

1.0 

30 

.032 

0.3 

1.032 

0.3 

.968 

0.6 

35 

.018 

0.2 

1.018 

0.2 

.982 

.4 

40 

.010 

0.1 

1.012 

0.1 

.990 

.2 

conditions  should  duplicate  as  closely  as  possible  the  ideal  plane  longitudinal  wave 
condition  whenever  transverse  wave  motion  is  likely. 

6.4  Bulk  Absorbing  Materials. 

Evaluation  of  bulk  absorbing  materials  requires  measurement  techniques  com* 
pletely  different  from  those  used  to  evaluate  windows,  reflectors,  baffles,  and 
anechoic  coatings.*  . The  latter  materials  generally  are  in  the  form  of  a  slab,  plate, 
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sheet,  or  layer.  The  dimensions,  particularly  the  thickness,  are  chosen  to  meet 
some  particular  need  and  the  evaluation  results  usually  apply  only  to  samples  of 
these  dimensions.  An  absorbing  material,  as  the  term  is  used  here,  is  a  material 
like  wood,  oil,  rubber,  soil,  and  so  forth,  whose  sound  absorption  depends  on  its 
particle  or  molecular  content  or  structure,  and  not  on  the  dimensions  or  configura¬ 
tion  of  the  material.  When  we  evaluate  an  absorbing  material,  we  evaluate  the 
material  itself;  however,  this  does  not  mean  that  the  dimensions  or  shape  in  which 
an  absorbing  material  is  used  is  unimportant.  Wedges  are  used  in  anechoic  rooms 
and  tanks  because  the  wedges  form  a  boundary  that  increases  the  percentage  of 
sound  entering  the  wedge  material  rather  than  being  reflected  away.  In  solid 
materials,  the  configuration  is  important  because  the  elastic  behavior  depends  on 
the  geometry  of  the  applied  stress  and  allowed  strain.  (See  Section  6.5.) 

One  practical  difference  between  an  analysis  of  an  anechoic  coating  and  an 
absorbing  material  is  that  the  coating  is  analyzed  as  a  lumped-parameter  system 
but  the  material  is  analyzed  basically  as  a  distributed  system.  Equivalent  circuits 
can  be  used  to  represent  coatings,  but  materials  are  studied  as  transmission  lines, 
although  short  lines  as  special  cases  may  reduce  to  a  lumped-parameter  system. 
An  absorbing  material  can  be  treated  as  a  lumped  impedance  to  the  extent  that 
a  short  electrical  cable  is  treated  as  a  capacitor.  The  material  must  be  both  thin 
and  homogeneous,  if  this  treatment  is  to  be  used. 

In  the  analysis  of  acoustic  transmission  lines  and  acoustic  impedance  that  fol¬ 
lows.  the  symbols c,  X,  p,  s,  C,  p,  to,  t,  and  x  will  have  their  familiar  definitions  of 
speed,  wavelength,  density,  stiffness,  compliance,  pressure,  angular  frequency, 
time,  and  distance,  respectively.  The  symbol  k  denotes  the  wave  number  and  is 
equal  to  oj/c  or  2rr/X.  The  symbol  Z0  represents  the  characteristic  impedance 
of  the  medium.  When  c\  X',  p',  s',  C,  k',  and  £0*  are  used,  the  prime  denotes 
that  the  parameters  pertain  to  an  absorbing  medium.  Such  parameters  arc  referred 
to  as  "complex"  where  the  word  carrios  the  same  connotation  that  it  has  in 
“complex  number"  or  “complex  impedance."  The  physical  significance  or  mean¬ 
ing  of  the  complex  parameters  is  discussed  in  later  paragraphs. 

Stiffness  as  used  here  is  tire  same  as  the  plate  elastic  modulus.  That  is,  it  is 
the  quotient  of  the  stress  (forco/area)  to  the  strain  (displacement/thickness), 
where  the  stress  is  bolng  extended  normal  to  a  plate  and  the  strain  exists  and  is 
measured  only  in  the  plate  thickness  direction.  The  stiffness  then  is  related  to 
the  acoustic  impedance  per  unit  area  Za  (pressure/volume  velocity)  by  Za  *»  r//w.v, 
where  x  is  the  thickness,  Thus,  stiffness  is  the  negative  reactance  of  a  sample  of 
unit  cross-sectional  area  and  unit  thickness.  The  elastic  behavior  of  solids  depends 
on  which  combination  of  three-dimensional  stresses  and  strains  are  allowed.  The 
stiffness  of  a  solid,  therefore,  does  not  have  a  unique  meaning.  The  different 
kinds  of  elastic  moduli  are  discussed  in  Section  6.5. 

Compliance  is  tire  reciprocal  of  stiffness.  Stiffness  is  the  older  of  the  two 
terms  and  Is  familiar  from  classical  physics  and  mechanics.  Compliance  is  a 
newer  term  that  is  particularly  convenient  when  electromechanical  analogies  are 
used.  Compliance  is  directly  analogous  to  electrical  capacitance,  whereas  stiffness 
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is  inversely  related  to  capacitance.  All  the  relationships  of  electrical  trans¬ 
mission  line  theory  therefore  can  be  used  to  describe  an  acoustic  transmission 
line  when  the  following  substitutions  are  made: 

compliance  -*  capacitance  per  unit  length 
density  -*■  inductance  per  unit  length 

admittance  of  complex  compliance  -*■  open-circuit  admittance  per  unit  length 
impedance  of  complex  density  -*•  short-circuit  impedance  per  unit  length 

A  bulk  absorbing  material  is  characterized  by  its  complex  propagation  constant 
7  =  a  +  jk,  where  a  is  the  attenuation  constant.  In  addition  to  a  and  k,  other 
parameters  are  used  by  various  authors-usually  because  they  are  useful  in  special 
cases.  These  other  parameters  include  the  loss  factor  i?,  the  loss  angle  6,  the  com¬ 
plex  stiffness  or  compliance,  and  the  complex  density. 


6.4.1  The  attenuation  constant  a 

The  attenuation  constant  a  is  the  signal  loss  of  a  plane  wave  per  unit  distance 
in  the  medium.  The  loss  is  expressed  as  the  natural  logarithm  of  the  ratio  of  the 
signal  amplitudes  at  two  points.  In  mathematical  terms, 

ax  =  Ini—  ,  (6.3) 

Pi 

where  x  is  the  distanco  between  the  points  at  which  Py  and  p3  are  measured. 
The  value  of  a  is  measured  in  nepers/cm.  If  a  medium  has  a  loss  of  1  neper/cm, 
the  signal  decreases  by  1/e  every  centimeter.  The  neper  is  similar  to  the  bel  in 
being  a  logarithm  of  a  ratio.  It  differs  in  being  based  on  natural  rather  than  com¬ 
mon  logarithms,  and  is  defined  as  the  logarithm  of  a  ratio  of  pressures,  voltages, 
or  other  parameters  proportional  to  the  square  root  of  power,  rather  than  to 
power  itself.  One  neper  equals  8.686  dB. 

The  attenuation  constant  is  most  useful  in  describing  a  medium  when  the 
medium  is  considered  to  be  distributed  rather  titan  lumped.  In  practice,  this 
means  that  the  dimension  in  the  direction  of  wave  propagation  is  larger  than  about 
X/10.  Consider  a  plane  pressure  wave  in  a  lossless  medium:  The  instantaneous 
pressure  pt  at  any  time  t  and  any  point  x  is 

Pi  B  "  k*K  (6.4) 

whete  Po  is  the  pressure  amplitude.  If  the  medium  dissipates  energy  and  the 
ratio  P\/Pi  is  independent  of  the  initial  amplitude,  the  pressure  amplitude  de¬ 
creases  exponentially  with  the  distance  x  and  is 


\Pt\  °  Poe~°*- 


(6.5) 


300 


MEASUREMENTS  ON  AUXILIARY  MATERIALS 


The  complete  expression  for  p,-  in  an  absorbing  medium  is,  then, 


Pi  =  p0e-axSwt~kx), 

(6.6) 

Pi  *  pQe~ftwt  -  1. 

(6.7) 

Now  we  can  define  a  complex  wave  number  k'  =  k-  ja  and  substitute  k'  into 
Eq.  (6.7),  making  it  look  like  Eq.  (6.4): 

Pi  =  p0ef^t-k'x)  ■  (6.8) 


Equations  (6.4)  and  (6.8)  illustrate  the  point  that  any  equation  applying  to  a 
lossless  transmission  line  can  be  altered  to  apply  to  a  lossy  line  by  changing  all 
the  appropriate  parameters  from  their  real  to  their  complex  forms.  By  “appro¬ 
priate”  parameters  we  mean  those  whose  values  depend  on  the  characteristics  of 
the  medium,  such  as  p,  c,  s,  k,  X,  and  Z0.  The  parameters  to,  x,  and  t  are  not  in¬ 
cluded.  To  illustrate  with  other  equations  that  will  be  used  later,  consider  the 
expression  for  the  input  impedance  Z,  of  a  finite  transmission  line  x  units  long, 
where  ZL  is  the  terminating  load  impedance.  If  the  line  is  lossless, 


Z,  =  Z0 


Zi  cos  kx  +  JZa  sin  kx 
Z0  cos  kx  +  \ZL  sin  kx 


If  it  is  lossy,  change^  and  *  to  their  complex  forms: 


I 

Z i  =  Z0‘ 


Zt  COS  (ft -}a)x  +  jZ0'  sin  (k  ~ja)x 
Zq  cos  (k  -ja)x  +  jZL  sin  (it  -fajpc  ‘ 


(6.9) 

“V 

V 

(6.10) 


Rearranging  Eq.  (6.10)  and  using  standard  identities  botween  circular  trigo¬ 
nometric  and  hyperbolic  functions  produces 


-  -  »  cosh  (a  4  jk)x  +  Zq*  sinh  ( a  +  }k)x 

*  0  [Zq  cosli  (a*jkjx  +  Zl  sinh  (a+jifc)x_  ’ 


(6.11) 


or 


Zi  =  Zq 


» 


Z/,  cosli  yx  +  Zq  sinli  yx 
Zo’^cdSt  yx  +  Zi  sinh  yx 


(6.12) 


where  y  =  a  +  Ik.  Equation  (6.12)  is  tlie  standard  expression  for  any  one- 
dimensional  transmission  line.  Note  from  the  definitions  of  k'  and  y  that  7  °jk\ 
and 


u  _  ux  c 

k  -/a  cj  -/op  .  _  /a 

*  T* 


(6.13) 
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6.4.2  The  loss  factor  t? 

A  material  has  two  loss  factors  r\e  and  T)p  that  are  inherent  properties  of  the 
material  regardless  of  the  material  dimensions,  but  which  are  most  useful  in 
absorption  measurements  when  used  to  characterize  the  absorption  of  thin  layers. 
When  an  elastic  material  dissipates  energy  as  it  undergoes  compression  and  ex¬ 
tension,  there  is  a  loss  component  to  its  mechanical  impedance  or  admittance. 
The  elastic  loss  factor  is  defined  in  terms  of  the  imaginary  part  of  elastic 
impedance  or  admittance-that  is,  the  stiffness  or  compliance. 

*'  Ml  +/*?*)  (Tie  ~Vs)  (6.14) 

C'  =  C(l  -/Vc)  (Vs  =  Vc )•  (6.15) 

When  the  elastic  loss  factor  is  discussed  in  general  terms,  the  subscript  e  will  be 
used.  When  it  is  used  as  specifically  defined  by  Eq.  (6.14)  or  (6.15),  the  sub¬ 
script  s  or  c  will  be  used. 

When  a  material  in  motion  is  subjected  to  a  viscous  drag,  there  is  a  loss  com¬ 
ponent  to  its  inertial  impedance.  The  density  loss  factor  i?p  is  defined  in  terms 
of  the  imaginary  part  of  this  inertial  impedance: 

P  =P(l-/t?p).  (6.16) 

From  Eqs.  (6.14),  (6.15),  and  (6.16),  it  can  be  soen  that  all  the  loss  factors 
are  dimensionless  ratios  of  acoustic  resistance  to  reactance  or  conductance  to 
susceptance.  Thus,  the  loss  factor  is  similar  to  the  reciprocal  of  Q,  where  Q  has 
the  conventional  connotation  of  ratio  of  reactance  to  resistance  or  stored  energy 
to  dissipated  energy. 

It  is  evident  also  from  Eqs.  (6.14),  (6.15),  and  (6.16)  that  tire  complex  stiff¬ 
ness,  compliance,  and  density  correspond,  respectively,  to  the  shunt  impedance, 
the  shunt  admittance,  and  the  series  impedance  of  a  unit  length  of  the  acoustic 
transmission  line-or  thickness  of  the  plate,  This  correspondence  is  shown  in 
Fig.  6.5.  The  corresponding  impedances  or  admittances  of  a  plate  x  units  tliick 
are  given  by 


JL  -  jL.  ♦  3l 

/OiX  /cux  IOX  * 

(6.17) 

}u)Cx  *  (/uOi)  +  (wCxtie), 

(6.18) 

tup'x  B  (Ju>px)  +  (w/UCtlp). 

(6.19) 

The  initial  choice  of  positive  or  negative  signs  in  Eqs.  (6.14),  (6.15),  and  (6.16) 
becomes  evident  from  Eqs.  (6.17),  (6.18),  and  (6.19).  The  real  part  of  tire  im¬ 
pedance  or  admittance  must  be  positive! 
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6.4.3  The  loss  angle  6 

The  loss  angle  6  is  the  complement  of  the  phase  angle  of  the  impedance  Zt 
defined  for  Eq.  (6.9): 


tan  6  s 


Rj 

AV 


(6.22) 


If  the  load  or  “backing”  impedance  Zi  -*•  °°  and  the  plate  thickness  or  acoustic 
line  length  is  short  (x  <  X/ 10),  the  impedance  becomes  stiffness  controlled  and 


(6.23) 


If  the  load  or  “backing”  impedance  is  zero  and  the  line  is  short,  the  impedance 
becomes  inertia  controlled,  and 

=  V  (6.24) 

Thus,  for  small  samples,  arctan  r?  and  the  loss  angle  are  the  same. 


6.4.4  Relationships  among  a,  i?,  and  6 

Before  discussing  the  measurement  of  o,  n,  and  6,  it  is  helpful  to  understand 
some  relationships  among  these  parameters.  In  many  practical  cases,  when  one 
parameter  is  known,  the  other  two  can  be  computed  or  at  least  approximated. 
Starting  with  the  usual  expression  for  the  speed  of  sound 

*a(jf  ot  c'  °  (7)*  (6*2S> 

and  using  Eqs.  (6. 1 3),  (6. 1 4),  and  (6. 1 6),  we  can  derive 


After  some  algebraic  manipulation,  Eq.  (6.26)  can  be  reduced  to 


(6.26) 


Ip* flf  * 


2a 

k 


(6.27) 
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Equation  (6.27)  also  can  be  obtained  by  using  compliance  instead  of  stiffness, 
or  c  =  {\jp'C)'A ,  so  the  general  elastic  loss  factor  Tjf  is  used  in  Eqs.  (6.29)  and 
(6.30). 

The  factor  afk  appears  regularly  in  absorption  analysis.  Cramer2  gives  it  the 
symbol  r  and  the  name  “loss  parameter”: 


a  _  oc  aX 

k  Z?  2n‘ 


(6.28) 


It  can  be  seen  that  r  in  the  form  d\/2ir  is  the  attenuation  per  radian  length.  In 
terms  of  r,  Eq.  (6.27)  becomes 


Vp  +  r)f  m  2  r 


(6.29) 


Equation  (6.29)  is  exact  for  all  values  of  absorption.  If  the  absorption  is  low 
enough  for  second-order  terms  to  be  neglected,  Eq.  (6.29)  becomes 


Tlp+tfc  =  2 #•«  22.. 


(6.30) 


Titus,  r  is  the  simple  average  of  %  and  v 

Most  materials  have  either  primarily  elastic  or  viscous  losses,  but  not  both.  If 
either  i)p  or  %  are  zero,  then  Eq.  (6.29)  becomes 

* a  t6*31) 

If  botli  the  low-absorption  approximation  of  Eq.  (6  JO)  and  tlte  single-loss  factor 
assumption  of  Eq,  (6.31)  are  used, 


0  “  2 f  «  (6.32) 

If 

The  loss  angle  &  is  related  to  n  by  lit).  (6.23)  or  (6.24).  When  rj  <  0.5,  Die 
approximation  tan  6  e;  6  can  be  used  with  less  than  10%  error,  and 

tan  6  -  6  B  T).  (6.33) 

The  validity  of  the  'low  absorption”  approximations  and  the  relationships 
among  r,  rj,  and  5  are  graphically  illustrated  in  Tig.  6.6.  Essentially,  the  curves 
are  plots  of  Eqs.  (6.31)  and  (6.32).  Equation  (6.30)  cannot  be  plotted  because 
it  hat  three  variables.  The  curves  show  that  2 rs»j  ^  6,  when  r  is  less  than  about 
0.3,  or  q  is  less  titan  about  0.6.  Tlte  value  r*0J  corresponds  to  an  attenuation 
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of  16.3  dB  per  wavelength.  This  is  good  attenuation.  For  a  wavelength  of  1  ft, 
or  30  cm,  r  =  0.3  corresponds  to  a  =  0.6.  It  can  be  concluded  that  small  values 
of  the  attenuation  constant  ( a  <  0.1)  and  loss  factor  (i?  <  0.6)  are  useful,  and 
that  the  approximation  2r  — »?  ~  6  can  be  used  in  most  practical  cases. 


t-'i*.  6.6.  The  too  factor  and  Urn  fanciion*  of  luemutkw 

tw  wa»cka<lh  according  to  tip.  (6.31)  and  (6  Jlf. 


6.4.5  Mcasutttnenl  of  u,  »j,  and  6 

If  both  a  sound  source  and  receiver  can  be  immersed  in  a  large  sample  of  a 
homogeneous  absorbing  material, a  can  be  measured  simply  and  directly  from  tire 
signal  attenuation  under  free -field  conditions.  That  is,  a  transmission  loss  ui  a 
progressive  wave  between  two  points  that  exceeds  the  spherical  spreading  loss 
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can  be  assigned  to  absorption.  The  free*field  requirement  limits  this  technique 
to  very  large  samples,  and  for  this  reason  the  technique  seldom  is  used. 

It  might  appear  that  a  simple  insertion-loss  measurement  would  yield  a  value 
for  a.  For  example,  if  the  insertion  loss  of  a  5-cm-thick  plate  is  1.0  dB,  one 
might  conclude  (erroneously)  that  a  =  0.2  dB/cm  or  0.023  neper/cm.  The  error 
here  arises  from  the  fact  that  the  signal  is  reflected  at  both  of  the  solid-water 
boundaries  and,  each  time  the  sound  trapped  in  the  plate  is  reflected  by  the  front 
or  rear  boundary,  some  sound  escapes  into  the  water.  Consequently,  we  have  a 
standing-wave  condition  inside  the  plate,  and  the  transmitted  wave  consists  of 
the  phasor  sum  of  many  signals  that  have  traversed  the  5-cm  thickness  1, 3, 5, 7, 
. . .,  etc.  times. 

In  practice,  a,  t\,  and  5  usually  are  measured  by  a  system  referred  to  as  an  im¬ 
pedance  tube,  which  is  shown  schematically  in  Fig.  6.7.  The  system  is  treated  as  a 
one-dimensional  acoustic  transmission  line.  Plane-wave  propagation  is  assumed 
and  attained  in  practice  by  using  a  rigid-walled  tube  with  a  diameter  equal  to  a 
small  fraction  of  a  wavelength  of  sound  in  the  water  and  material. 


Fig.  6.7.  Impedance  tube  arrangement  for  measuring  attenuation  parameters  in 
an  absorbing  material. 


The  key  parameter  used  to  find  a,  tj,  or  8  is  Zit  the  complex  acoustic  imped¬ 
ance  at  the  boundary  between  the  water  medium  and  the  absorbing  medium  as 
seen  from  the  water  medium.  Various  impedance  tube  techniques  have  been  used, 
mostly  in  air  acoustics.3*4  The  most  successful  technique  for  evaluating  under¬ 
water  sound  absorbers  has  been  the  pulsed-sound  technique,2.3  A  short  pulse  of 
sound  is  reflected  at  the  Zt  boundary,  and  the  complex  reflection  coefficient  A 
is  measured.  The  magnitude  of  >1  is  the  ratio  of  reflected-to-incident  sound  pres¬ 
sure.  The  phase  of  A  is  the  phase  shift  of  the  reflected  sound.  Then, 

Zt  =  Zw{r=%'  (6-34) 

where  Zw  is  the  specific  acoustic  impedance  of  the  wator.  The  magnitude  of  A 
is  relatively  easy  to  measure-  For  example,  an  uncalibrated  but  linear  probe 
hydrophone  in  the  tube  can  measure  both  the  incident  and  reflected  pulses,  and 
display  both  on  an  oscilloscope.  The  magnitude  ratio  is  readily  obtained  from  the 
display.  The  phase  measurement  is  more  difficult.  The  relative  phase  of  tue  two 
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pulses  could  be  measured  at  the  probe  hydrophone  output,  but  the  phase  shift 
at  the  water-material  boundary  can  be  computed  only  if  the  boundary  position 
and  the  wavelength  of  sound  in  the  water  in  the  tube  are  precisely  known. 

Another  method  is  to  compare  both  the  magnitude  and  phase  of  the  signal  re¬ 
flected  from  the  sample  to  those  of  the  signal  reflected  from  a  perfect  reflector, 
such  as  a  very  high-  or  very  low-impedance  boundary  at  the  same  location.  From 
Zt  and  a  knowledge  of  x  and  Zi  (the  impedance  at  the  boundary  between  the 
absorber  and  the  backing  material,  as  seen  from  the  absorbing  medium),  a,  q,  or 
8  can  be  calculated.  For  example,  tjs  can  be  found  by  making  x  <  X/10  and  let¬ 
ting  Zi  °°.  That  is,  we  use  a  thin  layer  of  absorber  with  a  rigid  backing.  Then 
we  have  a  condition  analogous  to  the  measurement  of  capacitance  and  conduct¬ 
ance  in  a  short  length  of  open-circuited  cable.  The  absorber  acts  like  a  lossy 
spring,  and  v.,. 


2i  *  R(  +  jX,  - 


t 

s 

/‘cox 


£  t 

jux  c ox  ’ 


(6.3  S) 


or 


Ri  = 


(6.36) 


and 


*/  - 


s 

cox' 


(6.37) 


Equations  (6.36)  and  (6.37)  can  be  solved  for  both  j  and  r?,. 

If  T)p  is  desired,  we  let  x<  X/10  and  Zi  -*  0.  That  is,  we  use  a  thin  layer  with 
no  backing,  or  with  air  backing.  Then  we  have  a  case  analogous  to  the  use  of  a 
short-circuited  cable  and  the  measurement  of  inductance  and  resistance  of  the 
wire.  The  absorber  acts  like  a  mass  subjected  to  some  viscous  drag,  and 


Zi  »'  Rj  +  jXt  »  /wp'x  B  jtopx  +  <opqpx,  (6.38) 


or, 


Rt  ° 


and 


X i  s  wpx. 


(6.39) 


(6.40) 


Equations  (6.39)  and  (6.40)  are  solved  for  p  and  qp . 
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The  loss  angle  6  is  available  directly  from  Zh  according  to  Eq.  (6.24). 

To  measure  a,  the  backing  is  made  very  rigid,  or  it  is  assumed  that  ZL  -»•<». 
Then  Eq.  (6.1 1)  reduces  to 


Zj  =  Z0'  coth  (a  +  ik)x. 


(6.41) 


where  Z0'  is  the  complex  specific  impedance  of  the  material.  From  Eqs.  (6.13), 
(6.34),  and  (6.41),  and  neglecting  inertial  losses, 


1  1  +A  .  coth  (ax  +  jkx) 


(6.42) 


where  the  w  subscript  indicates  the  parameters  of  the  water.  All  parameters  in 
the  left  side  of  Eq.  (6.42)  are  measured.  The  unknowns  a  and  k  cannot  be  obtained 
from  transcendental  equations  like  Eq.  (6.42)  by  algebraic  methods.  However, 
Sabin6*7  has  developed  charts  from  which  a  and  k  can  be  obtained  from  the  mag' 
nitude  and  phase  of  the  left  side  of  Eq.  (6.42)  and  subsequently  he  has  used  a 
computer  to  solve  Eq.  (6.42)  automatically  by  successive  approximations.8 

Figure  6.8  is  a  plot  of  Eq.  (6.41)  and,  in  addition,  a  plot  of  Eq.  (6.1 1)  for  the 
special  case  Zti  =  0.  if  Zt  can  be  measured  as  a  function  of  x  and  plotted  as  in 
Fig.  0.8,  a  spiral  curve  should  result;  and  the  various  relationships  shown  graphi¬ 
cally  in  Fig.  6.8  can  be  found. 

Generally,  all  the  curves  are  spirals  converging  to  a  point  corresponding  to 
Z(  =  ZQ\  That  is,  when  x  is  large,  the  absorber  appears  infinitely  thick  and  Zt 
becomes  die  characteristic  impedance.  Both  spirals  converge  to  the  Z(  =  Z0’ 
point  because,  in  infinitely  thick  layers,  the  backing  impedance  does  not  affect 
Z(.  As  x  becomes  smaller,  the  Zi  ■+  »  curve  for  Zt  unwinds  along  the  spiral, 
oscillating  in  amplitude.  These  oscillations  correspond  to  the  tuned  or  resonant 
conditions  where  x  is  equal  to  multiples  of  quarter  or  half  wavelengths.  As  x  be¬ 
comes  small,  the  thin-layer  or  lumped-parameter  condition  is  approached; Zt  be¬ 
comes  -is  lux,  and  the  slope  becomes  -1/r},.  Similarly,  the  ZL  B  0  curve  un¬ 
winds  and  approaches  Z *  -  +/upx  with  the  slope  +l/t ?p.  The  slope  of  the  imped¬ 
ance  vector  Zi*Z0‘  is  (r?,  -  r?p)/a  ■  r,  uccording  to  Eq.  (6.4S).  AH  the  informa¬ 
tion  needed  to  find  qp,  r,  a,  c\  and  Z0‘  is  available  from  cither  curve.  In 
practice,  the  curve  for  Zi  -*■  00  is  the  easier  of  the  two  to  obtain  because  -fs'/ux 
is  large,  while  +/wpx  is  small.  The  use  of  the  variable  x  in  these  curves  is  based 
on  the  assumption  that  the  frequency  is  constant.  The  variable  should  be  Aax.  If 
the  absorption  is  independent  of,  or  changes  slowly  with  frequency,  a  change  m 
frequency  or  wavolength  is  equivalent  to  a  change  in  x. 

The  characteristic  impedance  of  a  medium  is  given  by 


Zo  ■  (pV)*  -  [pO  -KM l 
Zo  “  Gw)*[i  +/(% 


(6.43) 

(6.44) 
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Slop*  =  +  l/tjp 


Zjat+jto fit 


Zj  =z0‘  toiui  (a  +jk)x 


\  x  =  X/4  ' 

\  /  ' ^^SIOP*  -  (l?, 


\  W^Iz,  ’  zo c0,h  (a + i* 

\  r>- 

\  \  x  ot  kx 


Z(  a  -jiVwx 


Step* »-!/*?, 


Fig.  6.8.  Input  impedance  Zj  of  a  lossy  acoustic  transmission  line  as  a 
function  of  the  radian  length  kx. 


If  Vfe  «  I.  it  can  be  neglected,  and  (r?,  -  t?p)  is  so  small  that  only  the  first 
two  terms  in  tlte  series  expansion  for  the  square  root  of  a  binomial  need  be  used. 
Then, 


Zo  »  Zo  1+  -j  . 


(6.45) 


or,  when  tj,  =  t?p,  then  Z0‘  «  Z0.  If  the  complex  compliance  is  used  instead  of 
complex  stiffness,  the  qualification  v^h  «  1  is  not  needed  to  conclude  that 
Zo°Zo  when  r\€  “»?p. 

Equation  (6.4S)  sliows  that  if  r ?,  >  Z0'  will  be  in  the  +Xj  quadrant.  If 

>b  <  V(,<  Zo  will  be  in  the  ~Xj  quadrant.  If  v, c  r?p,  then  Z0'  will  be  on  the  Rj 
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axis.  These  three  conditions  are  shown  in  Fig.  6.9.  Note  that  the  real  compo¬ 
nent  of  Z0'  always  is  Z0.  The  convergence  point  for  the  spiral  is  determined  by 
ns  -  r?p.  The  other  ends  of  the  spirals  are  determined  by  r?,  and  t?p.  Thus,  even 
if  ijp  cannot  be  measured  at  the  Zt  -  fiopx  end  of  the  spiral,  it  still  can  be  found 
from  a  knowledge  of  r?,  -  r?p  and  rjs .  The  loss  parameter  r  then  is  given  by  Eq. 
(6.30)  from  r  =  (rjs  +  r?p)/2,  and  a  from  a  -  rw/c'.  The  complex  velocity  comes 
from  the  frequency  and  from  the  x  =  X/4  or  x  =  X/2  points  identified  in  Fig.  6.8. 


Fig.  6.9.  The  value  of  Z0'  for  relative  values  of  r\s  and  tip- 


6.4.6  Magnitudes  of  a  and  r\ 

The  attenuation  constant  a  usually  is  a  small  fraction  of  one  neper/cm  like  0.1 
or  less,  if  a  were  large-for  example,  if  a  =  1  neper/cm-thls  could  mean  that  the 
sound  pressure  amplitude  would  decrease  8.7  dB  for  every  centimeter  of  mate¬ 
rial  through  which  the  sound  wave  traveled.  After  traveling  only  3  cm,  the  wave 
would  be  attenuated  3  nepers  or  26  dB.  Its  magnitude  then  would  be  only  5%  of 
the  original  magnitude,  and  the  wave  would  contain  only  0.25%  of  its  original 
energy.  Consequently,  it  would  make  little  difference  whether  the  absorber  were 
3  cm  thick  or  infinitely  thick.  Even  if  it  were  physically  possible  to  make  an  ab¬ 
sorbing  material  with  an  attenuation  constant  as  large  as  1  neper/cm,  it  would  not 
necessarily  be  useful  in  underwater  sound.  A  good  absorber  should  possess  two 
key  characteristics.  First,  the  sound  should  enter  the  absorbing  material  rather 
titan  bo  reflected  away.  Second,  after  the  sound  gets  into  die  absorber,  it  should 
be  completely  absorbed.  If  die  absorber  has  very  high  absorption,  so  that  a  neg¬ 
ligible  amount  of  the  sound  reflected  at  the  back  boundary  returns  to  the  front 
boundary,  Oven  x  appears  infinite  and  Zt  -*■  Z0'.  The  refiecdon  coefficient  then  is 


A  ® 


Za'  +  Zu, 


(6.46) 
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The  characteristic  impedance  Zw  of  water  is  a  real  number.  Consequently,  the 
reflection  can  become  zero  only  if  Z0'  also  is  a  real  number;  but  Z0'  is  wholly  a 
real  number  only  if  the  absorbing  material  does  not  absorb,  or  if  the  unique  con¬ 
dition  ve  ~  VP  exists. 

As  shown  in  Eq.  (6.45),  the  greater  the  elastic  or  viscous  absorption  (but  not 
both),  the  larger  the  imaginary  part  of  Z0’  becomes,  which  is  contrary  to  the 
usual  notion  that  energy  absorption  is  associated  with  real,  rather  than  imaginary, 
numbers.  Consequently,  a  good  absorber  usually  will  be  a  good  reflector  when  it 
is  thick  enough  to  appear  infinitely  thick. 

There  are  four  ways  of  combining  high  absorption  with  low  reflection.  First, 
the  absorption  a  per  unit  thickness  can  be  kept  low,  but  the  thickness  x  can  be 
made  high.  Second,  a  high  a  together  with  a  gradual  transition  boundary,  such 
as  would  be  provided  by  wedges  or  intermediate  layers,  can  be  used.  Equation 
(6.46)  applies  only  to  plane  boundaries.  Third,  “tuned”  or  “resonant”  thickness 
dimensions,  which  correspond  to  the  points  on  the  spiral  curves  of  Fig.  6.9  that 
lie  on  or  near  the  Rt  axis,  can  be  used.  Fourth,  the  ideal  material,  as  yet  undis¬ 
covered,  in  which  t}p  -  r\e  can  be  used. 

Whereas  a  is  made  small  intentionally  for  the  thick  layer  or  “effectively  in¬ 
finite  x"  case,  the  opposite  holds  for  the  case  of  a  thin  layer  where  the  impedance 
Zt  ideally  should  be  wholly  resistive  and  equal  to  Zw.  The  latter  is  the  acoustical 
analogy  of  the  electrical  case  in  which  a  cable  having  the  characteristic  impedance 
R0  ohms  is  simply  terminated  with  a  resistor  of  R0  ohms  that  dissipates  all 
energy  fed  into  the  cable.  Unlike  the  electric  resistor,  the  acoustic  resistor  is 
extremely  difficult  to  create  in  the  form  of  a  thin  layer. 

Ideally,  thick  layers  should  have  low  absorption  per  unit  distance  but  thin 
layers  should  have  high  absorption.  For  intermediate  thicknesses  (X/10  <x  <  X), 
the  analysis  is  complicated.  Standing  waves  are  present.  For  some  thicknesses, 
the  layer  acts  like  a  “tuned”  or  "resonant”  absorber  and  the  absorption  is  un¬ 
usually  high  in  a  narrow  frequency  band.  Such  layers  are  analyzed  by  using  the 
general  formula  for  Zh  Eq.(6.12),  or  its  special  cases,  like  Eq.  (6.41)  and  the  gen¬ 
eral  reflection  formula, 


A 


Z/  +  Zw 


(6.47) 


6.5  Elastic  Moduli  and  Stiffness 

The  subject  of  acoustic  materials  would  not  be  complete  without  some  discus¬ 
sion  of  elastic  moduli.  In  Section  6.4,  stiffness  and  plate  elastic  modulus  were 
taken  as  synonymous.  Such  a  definition  is  necessary  for  a  plane-wave  one¬ 
dimensional  analysis.  In  more  general  cosos,  the  modulus  or  stiffness  is  the  quo¬ 
tient  stross/strain  from  Hooko’s  Law. 

In  a  solid,  there  arc  several  ways  that  stresses  can  be  applied  and  strains  al¬ 
lowed,  and  each  combination  has  its  own  elastic  modulus  or  stiffness  (or  com¬ 
pliance).  Figure  6.10  illustrates  the  various  moduli. 
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(a)  Young's  Modulus  Y  and  Poisson's  Ratio  « 
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(b)  Bulk  Modulus  B 


p  ■  prtssurs 
V  *  volume 


p  ■  prtssurs 

J  ■  length 


id)  Shear  Modulus  v 
F  — 


F  *  fores 

Af  ■  tangential  area 
9  ■  shear  angle  in  radiant 
F/A. 


Fig.  6.10.  Elastic  moduli. 


Young’s  modulus  Y  probably  is  the  most  familiar  and  the  easiest  to  measure. 
It  applies  to  along,  thin  solid  (wire,  bar,  etc.),  where,  in  an  acoustic  measurement 
or  application,  “thin”  would  mean  a  small  fraction  of  a  wavelength.  In  this  case, 
stress  exists  in  only  one  direction-tho  direction  of  the  long  dimension-and  is 
given  in  force  per  unit  area  or  in  pressure.  The  strain  is  in  three  dimensions  but 
measured  only  in  the  long  dimension.  Both  the  volume  and  shape  of  the  material 
change  under  stress. 

The  bulk  modulus  B  is  a  measure  of  the  ratio  between  three-dimensional  stress 
and  three-dimensional  strain.  The  volume  changes,  but  the  shape  does  not-as, 
for  example,  a  rubber  ball  when  squeezed  uniformly  in  all  directions  becomes 
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smaller  but  still  is  spherical.  The  stress  is  given  in  pressure  and  strain  in  fractional 
volume  change. 

The  plate  modulus  P  is  the  modulus  effective  in  impedance  tube  measurements, 
or  whenever  plane-wave  conditions  exist.  The  stress  or  pressure  is  in  one  direc* 
tion-the  direction  of  wave  motion.  The  strain  or  particle  motion  also  is  one¬ 
dimensional  and  in  the  same  direction  as  the  stress.  More  so  than  the  other 
moduli,  the  plate  modulus  applies  to  dynamic  cases.  As  with  Young’s  modulus, 
both  volume  and  shape  change  with  stress. 

The  shear,  torsion,  or  rigidity  modulus  p  involves  rotational  motion.  The 
volume  remains  constant,  but  the  shape  changes.  The  stress  is  given  as  the  tan¬ 
gential  force  per  unit  area  of  the  tangential  surface.  The  strain  is  the  angular  dis¬ 
placement  is  radians  of  planes  originally  perpendicular.  The  shear  modulus  is 
important  in  absorbers  because  rubbers  often  have  low  loss  components  in  the 
“plate”  stiffness  but  high  loss  components  in  the  “shear”  stiffness. 

In  practice,  the  measurement  conditions  or  material  sample  size  or  shape  may 
lead  to  stresses  and  strains  that  involve  some  combination  of  the  four  moduli. 
Care  must  be  exercised,  therefore,  in  extrapolating  measured  results  to  apply  to 
samples  of  other  sizes  and  shapes. 

In  addition  to  the  moduli,  the  parameter  “Poisson’s  Ratio"  frequently  is  used 
to  characterize  an  elastic  material.  As  shown  by  Fig.  6.10a,  this  is  the  ratio  of 
transverse  strain  resulting  from  an  applied  longitudinal  strain. 

The  bulk,  plate,  and  shear  moduli  are  related  to  Young’s  modulus  and  Poisson’s 
ratio  o  as  follows; 


B  =  3(1  -2o)’ 


(6.48) 
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CAPITAL  LETTER  SYMBOLS  AND  ABBREVIATIONS 


A  area,  proportionality  constant,  complex  reflection  coefficient,  ratio  of 
radii 

B  susceptance,  magnetic  flux  density,  bulk  modulus 

C,  C  compliance,  capacitance,  coulomb 

CL  coupling  loss  in  decibels 

D  diffraction  constant,  diameter,  maximum  dimension 

A  directivity  index 

E  energy  density 

EBW  essential  bandwidth 

F  force 

G  conductance,  amplifier  gain  in  decibels 

H  hydrophone 

Hz  hertz  (cycles  per  second) 

/  intensity 

J  reciprocity  parameter,  Bessel  function 

K  a  constant 

L  length 

M. Af  free-field  voltage  sensitivity,  prefix  “mega” 

N,  N  any  integral  number,  newton 

P,  P  projector,  power,  plate  modulus,  point  in  space 

PSL  pressure  spectrum  level 

Q  electric  charge,  point  on  a  surface  S,  quality  factor 

R  resistance 

Rg  directivity  factor 

S  transmitting  current  response,  surface  area 

S'  transmitting  voltage  response 

T,  T  reciprocal  transducer,  absolute  temperature,  period  of  a  periodic  function 
U  volume  velocity 

V  volume 

W  width 

X  volume  displacement,  reactance,  coordinate  axis 

Y  admittance,  Young’s  modulus,  coordinate  axis 

Z  impedance,  coordinate  axis 
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LOWER-CASE  LETTER  SYMBOLS  AND  ABBREVIATIONS 


a  radius,  term  in  a  binomial 

b  term  in  a  binomial 

c  speed  of  sound 

cm  centimeter 

c-w  continuous-wave 

d  distance,  depth 

dB  decibel  . 

e  voltage 

e,  e"  same  as  e  under  certain  conditions 
/  frequency 

g,  g  acceleration  due  to  gravity,  gram 

h  depth  or  height 

i  current 

/  vcr  *  . 

Jt,k  wave  number,  spring  constant,  Boltmamgas  constant,  prefix  “kilo” 
kg  kilogram  * 

m,  m  mass,  ratio  of  characteristic  impedance  of  a  material  to  the  characteris¬ 
tic  impedance  of  water,  meter,  prefix  “milli” 
n  normal  unit  vector,  power  of  a  binomial,  number 
p  pressure 

p(6)  pressure  as  a  function  of  6 ,  directivity 

p  average  pressure 

r  radius,  radial  distance,  loss  parameter  (a/k) 

rms  root  mean  square 

s  stiffness 

t  time,  thickness 

u  particle  or  linear  velocity 

x  distance,  thickness 

y  distance 
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GREEK  LETTER  SYMBOLS 


a  attenuation  constant 

j3  adiabatic  compressibility 

y  ratio  of  specific  heats  of  gases,  complex  propagation  constant,  ratio  of 
hydrophone-to-projector  width 
o  loss  angle 

A  change  in,  maximum  error 

e  dielectric  constant 

r)  efficiency,  loss  factor 

6  angle 

X  wavelength 

p  shear  modulus,  prefix  “micro" 

$  linear  displacement 

o  Poisson’s  ratio 

p  density  (of  water,  unless  otherwise  stated) 

£  sum 

r  pulse  duration 

<p  electromechanical  voltage/force  factor,  angle 

\p  electromechanical  voltage/current  factor 

co  angular  frequency  in  radians  per  second 


/  i 


I? 
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SYMBOLS  USED  AS  SUBSCRIPTS 


a  applied,  air,  acoustical 

A  array 

b  blocked 

c  cylindrical  wave ,  compliance 

d  particular  depth 

d<  direct-current  or  static  pressure 

df  diffuse  field 

e  electrical,  at  the  “end,"  elastic 

em  electromechanical 

/  free  field 

U  far  field 

g  generator 

H  hydrophone 

/  index,  input,  integer,  instantaneous 
j  integer 

L  length,  distance,  load 

m  receiving,  mechanical,  magnetic,  in  the  medium 
nf  near  field 

M  motional 

NP  null  projector 

o  output 

0  center  value,  key  value,  axial  value,  reference  value,  characteristic  value, 
fundamental 
qc  open-circuit 

ocm  open-circuit  mechanical 

p  plane  wave,  parallel 

P  projector 

r  radiation,  (eradiation 

p  density 

s  standard,  spherical  wave,  source,  series,  stiffness 

ism  short-circuit  mechanical 

f  reciprocal  transducer 

w  wall,  water 

x  unknown 
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DECIBELS  vs.  VOLTAGE  AND  POWER 


The  decibel  chart  below  indicates  dB  for  any  ratio  of  voltage  or  power  up  to 
120  dB.  For  values  over  20  dB  subtract  20,  30,  or  40  dB,  etc.  from  the  total 
until  the  remainder  will  fall  in  the  first  part  of  the  chart.  Then  add  the  corre¬ 
sponding  values  in  the  early  part  of  the  chart  and  in  the  second  part  of  the  chart. 
For  example,  for  a  voltage  ratio  of  400,  the  corresponding  dB  for  100  is  40.  This 
leaves  a  balance  voltage  ratio  of  4  which  is  approximately  12  dB.  The  resultant 
total  is  40  plus  12  or  S2  dB. 


Voltage 

Ratio 

Power 

Ratio 

-dB* 

Voltage 

Ratio 

Power 

Ratio 

1.0000 

1.0000 

0 

■ 

.9886 

.9772 

.1 

i 

.9772 

.9550 

.2 

.9661 

.9333 

3 

1.072 

.9SS0 

.9120 

.4 

99 

1.096 

.9441 

.8913 

.s 

1.059 

1.122 

.9333 

.8710 

.6 

1.072 

1.148 

.9226 

.8511 

.7 

1.084 

1.175 

.9120 

.8318 

.8 

1.096 

1.202 

.9016 

.8128 

.9 

1.109 

S.230 

.8913 

.7943 

1.0 

1.122 

1.2S9 

.8810 

.7762 

1.1 

1.13S 

1,288 

.8710 

.7586 

1.2 

1.148 

1.318 

.8610 

.7413 

1.3 

1.161 

1.349 

.as  It 

.7244 

1.4 

1.17S 

1.380 

.8414 

.7079 

IS 

1.189 

1.4)3 

.8318 

.6918 

1.6 

1.202 

1.44S 

.8222  ■ 

.6761 

1.7 

1.217 

1.479 

.8128 

.6607 

1.8 

1.230 

1,514 

.803$ 

.6457 

1.9 

1.245 

I.S49 
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Voltage 

Power 

Voltage 

Power 

Ratio 

Ratio 

-dB+ 

Ratio 

Ratio 

.7943 

.6310 

2.0 

K9 

1.585 

.7852 

.6166 

2.1 

1.622 

.7762 

.6026 

2.2 

1.288 

1.660 

.7674 

.5288 

2.3 

1.303 

1.698 

.7586 

.5754 

2.4 

1.318 

1.738 

.7499 

.5623 

2.5 

1.334 

1.778 

.7413 

.5495 

2.6 

1.349 

1.820 

.7328 

.5370 

2.7 

1.365 

1.862 

.7244 

.5248 

2.8 

1.380 

1.905 

.7161 

.5129 

2.9 

1.396 

1.950 

.7079 

.5012 

3.0 

1.413 

1.995 

.6998 

.4898 

3.1 

1.429 

2.042 

.6918 

.4786 

3.2 

1.445 

2.089 

.6839 

.4677 

3.3 

1.462 

2.138 

.6761 

.4571 

3.4 

1.479 

2.188 

.6683 

.4467 

3.5 

1.496 

2.239 

.6607 

.4365 

3.6 

1.514 

2.291 

.6531 

.4266 

3.7 

1.531 

2.344 

.6457 

.4169 

3.8 

1.549 

2.399 

.6383 

.4074 

3.9 

1.567 

2.455 

.6310 

.3981 

4.0 

1.585 

2.512 

.6237 

.3890 

4.1 

1.603 

2.570 

.6166 

.6095 

.3802 

.3715 

Wfl 

1.622 

1.641 

2.630 

2.692 

.6026 

.3631 

4.4 

1.660 

2.754 

.5957 

.3548 

4.5 

1.679 

2.818 

.5888 

.3467 

4.6 

1.698 

2.884 

,5821 

.3388 

4.7 

1.718 

2.951 

.5754 

.3311 

4.8 

1.738 

3.020 

.5689 

.5623 

.3236 

.3162 

Hi 

1.758 

1.778 

3.090 

3.162 

.5559 

.3090 

5.1 

1.799 

3.236 

.5495 

.5433 

.3020 

.2951 

JJBgfli 

1.820 

1.841 

3.311 

3.388 

.5370 

.2884 

5.4 

1.862 

3.467 
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Voltage 

Ratio 

Power 

Ratio 

-dB+ 

Voltage 

Ratio 

Power 

Ratio 

.5309 

.2818 

5.5 

1.884 

.5248 

.2754 

5.6 

1.905 

.5188 

.2692 

5.7 

1.928 

3.715 

.5129 

.2630 

5.8 

1.950 

3.802 

.5070 

.2570 

5.9 

1.972 

3.890 

.5012 

.2512 

6.0 

1.995 

3.981 

.4955 

.2455 

6.1 

2.018 

4.074 

.4898 

.2399 

6.2 

2.042 

4.169 

.4842 

.2344 

6.3 

2.065 

.4786 

.2291 

6.4 

2.089 

mM 

.4732 

.2339 

6.5 

2.113 

4.467 

.4677 

.2188 

6.6 

2.138 

4.571 

.4624 

.2138 

6.7 

2.163 

4.677 

.4571 

.2089 

6.8 

2.188 

4.786 

.4519 

.2042 

6.9 

2.213 

4.898 

.4467 

.1995 

7.0 

2.239 

5.012 

.4416 

.1950 

7.1 

2.265 

5.129 

.4365 

.1905 

■ 

2.291 

S.248 

.4315 

.1862 

■ 

2.317 

5.370 

.4266 

.1820 

sa 

2.344 

5.495 

.4217 

.1778 

7.5 

2.371 

5.623 

.4169 

.1738 

7.6 

2.399 

5.754 

.4121 

.1698 

7.7 

2.427 

5.888 

.4074 

.1660 

7.8 

2.455 

6.026 

.4027 

.1622 

7.9 

2.483 

6.166 

.3981 

.1585 

8.0 

2.512 

6.310 

.3936 

.1549 

8.1 

2.541 

6.457 

.3890 

.1514 

8.2 

2.570 

6.607 

.3846 

.1479 

8.3 

2.600 

6.761 

.3802 

.1445 

8.4 

2.630 

6.918 

.3758 

.1413 

8.5 

2.661 

7.079 

.3715 

.1380 

8.6 

2.692 

7.244 

.3673 

.1349 

8.7 

2.723 

7.413 

.3631 

.1318 

8.8 

2.754 

7.586 

.3589 

',1288 

8.9 

2,786 

7.762 
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Voltage 

Ratio 

Power 

Ratio 

-dB+ 

Voltage 

Ratio 

— 

Power 

Ratio 

.3548 

MEM 

9.0 

2.818 

7.943 

.3508 

mm 

9.1 

2.851 

8.128 

.3467 

.1202 

9.2 

2.884 

8.318 

.3428 

.1175 

9.3 

2.917 

8.511 

.3388 

.1148 

9.4 

2.951 

8.710 

.3350 

.1122 

9.5 

2.985 

8.913 

.3311 

9.6 

3.020 

9.120 

.3273 

Wmm ft 

9.7 

3.055 

9.333 

.3236 

.1047 

9.8 

3.090 

9.550 

.3199 

.1023 

9.9 

3.126 

9.772 

.3162 

.1000 

10.0 

3.162 

10.000 

.3126 

10.1 

3.199 

.3090 

1 

10.2 

3.236 

.305S 

.09333 

10.3 

3.273 

10.72 

.3020 

.09120 

10.4 

3,311 

10.96 

.2985 

.08913 

10.5 

3.350 

11.22 

.2951 

.08710 

10.6 

3.388 

11.48 

.2917 

.08511 

10.7 

3.428 

11.75 

.2884 

.08318 

10,8 

3.467 

12.02 

.2851 

.08128 

10.9 

3.508 

12.30 

.2818 

.07943 

11.0 

3.548 

12.59 

.2786 

.07762 

11.1 

3.589 

12.88 

.2754 

.07586 

11.2 

3.631 

13.18 

.2723 

.07413 

11.3 

3.673 

13.49 

.2692 

.07244 

11.4 

3.715 

13.80 

.2661 

.07079 

11.5 

3.758 

14.13 

.2630 

.06918 

11.6 

3.802 

14.45 

.2600 

.06761 

11.7 

3.846 

14.79 

.2570 

.06607 

11.8 

3.890 

15.14 

.2541 

.06457 

11.9 

3.936 

15.49 

.2512 

.06310 

12.0 

3.981 

15.85 

.2483 

.06166 

12.1 

4.027 

16,22 

.2455 

.06026 

12.2 

4.074 

16.60 

.2427 

.05888 

12.3 

4.121 

16.98 

.2399 

.05754 

12,4 

4,169 

17.38 
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Voltage 

Ratio 

Power 

Ratio 

-dB+ 

Voltage 

Ratio 

Power 

Ratio 

.2371 

.05623 

mm 

17.78 

.2344 

.05495 

m:m 

18.20 

.2317 

.05370 

12.7 

1 

18.62 

.2291 

.05248 

12.8 

4.365 

19.05 

.2265 

.05129 

12.9 

4.416 

19.50 

.2239 

.05012 

13.0 

4.467 

19.95 

.2213 

.04898 

13.1 

4.519 

20.42 

.2188 

.04786 

13.2 

4.571 

20.89 

.2163 

.04677 

13.3 

4.624 

21.38 

.2138 

.04571 

13.4 

4.677 

21.88 

.2113 

.04467 

13.5 

4.732 

22.39 

.2089 

.04365 

13.6 

4.786 

22.91 

.2065 

.04266 

13.7 

4.842 

23.44 

.2042 

.04169 

13.8 

4.898 

23.99 

.2018 

.04074 

13.9 

4.955 

24.55 

.1995 

.03981 

14.0 

5.012 

25.12 

.1972 

.03890 

14.1 

5.070 

25.70 

.1950 

.03802 

14.2 

5.129 

26.30 

.1928 

.03715 

14.3 

5.188 

26.92 

.1905 

.03631 

14.4 

5.248 

27.54 

.1884 

.03548 

14.5 

5.309 

28.18 

.1862 

.03467 

14.6 

5.370 

28.84 

.1841 

.03388 

14.7 

5.433 

29.51 

.1820 

.03311 

14.8 

5.495 

30.20 

.1799 

.03236 

14.9 

5.559 

30.90 

.1778 

.03162 

15.0 

5.623 

31.62 

.1758 

.03090 

15.1 

5.689 

32.36 

.1738 

.03020 

15.2 

5.754 

33.11 

.1718 

.02951 

15.3 

5.821 

33.88 

.1698 

.02884 

15.4 

5.888 

34.67 

.1679 

.02818 

15.5 

5.957 

35.48 

.1660 

.02754 

15.6 

6.026 

36.31 

.1641 

.02692 

15.7 

6.095 

37.15 

.1622 

.02630 

15.8 

6.166 

38.02 

.1603 

.02570 

15.9 

6.237 

38.90 

Voltage 

Ratio 


Power 

Ratio 


-dB+ 


Voltage 

Ratio 


Power 

Ratio 


mmm 

i 

.02512 

.02455 

16.0 

16.1 

6.310 

6.383 

39.81 

40.74 

.1549 

.02399 

16.2 

16.3 

6.457 

41.69 

.1531 

.02344 

6.531 

42.66 

.1514 

.02291 

16.4 

6.607 

43.65 

.1496 

.02239 

16.5 

6.683 

44.67 

.1479 

.02188 

16.6 

6.761 

45.71 

.1462 

.02138 

16.7 

6.839 

46.77 

.1445 

.02089 

16.8 

6.918 

47.86 

.1429 

.02042 

16.9 

6.998 

48.98 

.1413 

.01995 

17.0 

7.079 

50.12 

.1396 

.01950 

17.1 

7.161 

51.29 

.1380 

.01905 

17.2 

7.244 

52.48 

.1365 

.01862 

17.3 

7.328 

53.70 

.1349 

.01820 

17.4 

7.413 

54.95 

.1334 

.1318 

.01778 

.01738 

' 

■n 

7.499 

7.586 

56.23 

57.54 

.1303 

.01698 

17.7 

7.674 

58.88 

.1288 

.01660 

17.8 

7.762 

60.26 

.1274 

.01622 

17.9 

7.852 

61.66 

.1259 

.01585 

18.0 

7.943 

63.10 

.1245 

.01549 

18.1 

8.035 

64.57 

.1230 

.01514 

18.2 

8.128 

66.07 

.1216 

.01479 

18.3 

8.222 

67.61 

.1202 

.01445 

18.4 

8  318 

69.18 

.1189 

.01413 

18.5 

8.414 

70.79 

.1175 

.01380 

18.6 

8.511 

72.44 

.1161 

.01349 

18.7 

8.610 

74.13 

.1148 

.01318 

18.8  j 

8.710 

75.86 

.1135 

.01288 

18.9 

8.811 

77.62 

.1122 

.01259 

19.0 

8.913 

79.43 

.1109 

.01230 

19.1 

9.016 

81.28 

.1096 

.01202 

19.2 

9.120 

83.18 

.1084 

.01175 

19.3 

9.226 

85.11 

.1072 

.01148 

19.4 

9.333 

87.10 
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Voltage 

Ratio 

Power 

Ratio 

-dB+ 

Voltage 

Ratio 

Power 

Ratio 

■■■ 

mssm 

19.5 

9.441 

89.13 

19.6 

91.20 

.1035 

ism 

19.7 

9.661 

93.33 

.1023 

.01047 

19.8 

9.772 

95.50 

.1012 

.01023 

19.9 

9.886 

97.72 

.1000 

.01000 

20.0 

10.000 

100.00 

10"3 

30 

103 

10-1 

10-4 

40 

10J 

104 

10'5 

50 

10s 

10-3 

10-6 

60 

103 

106 

10-7 

70 

107 

10 -4 

10-8 

80 

104 

10* 

90 

109 

10“s 

100 

10s 

1010 

INDEX 


Absorbers,  287, 310, 31 1 
bulk,  297 
ideal,  311 
Accuracy,  1, 190 
Acoustic  baffles,  163,  287 
Acoustic  center,  26, 1 19, 120 
Acoustic  compliance,  39, 40, 298 
Acoustic  impedance,  298, 306 
input  of  a  transmission  line,  308 
specific,  306 

Acoustic  reflectors,  287, 292 
resonant,  293 

Acoustic  transmission  line,  S3, 298, 
306 

see  also  Transmission  line 
Acoustic  windows,  287 
Acoustical  intensity,  12 
Acoustical  materials,  287 
Admittance  of  electroacoustic  trans¬ 
ducer,  94 

see  also  Impedance 
Analogies,  14, 298, 299, 302 
Anechoic  coatings,  161 , 230, 287, 292 
Attenuation  constant,  288, 299, 303, 
304,310 

measurement,  305 
Baffles,  163,287 
Bandwidth 
essential,  148 
transducer,  228 
units,  12 
Beam  pattern,  6 
see  also  Directivity  pattern 
Bistatic  reflections,  293 
Bridge's  product  theorem,  78 
Bubbles,  41 


analog  circuit,  161 
fish,  1 1 1 
resonant,  158 
water  circulation,  1 1 1 
Bulk 

absorbers,  297 
modulus,  312 
Calibration 

data  reduction,  143, 181 
formulas,  182 
instrumentation,  134 
parameters,  134 
systems,  134 

Capacitor  hydrophone,  56 
Ceramics 

see  Piezoelectric  materials 
Characteristic  impedance,  298, 308 
of  water,  2 

Comparison  calibration 
end-of-cable,  19 
hydrophones  in  free  field,  18 
hydrophones  in  a  small  chamber,  21 
projectors,  21,26 
simultaneous,  20, 21 
Complex  parameters,  298, 301 
compliance,  299, 301 
density,  299, 301 
reflection  coefficient,  306 
speed  of  sound,  300 
stiffness,  299, 301 
wave  number,  300 
Compliance,  298, 301 
see  also  Acoustic  compliance 
Corprene,  290 
Coupling  loss 
see  Voltage  coupling  loss 
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Crosstalk,  41, 155 
Current 
units,  12 
measure,  141, 

Data 

accuracy,  190 
analysis,  187 
consistency,  187 
reduction,  181 
Decibels,  7, 1 1 
Density,  12,298,301 
Depth 

effect  of  rigging  error,  121 
facility  sites,  110 
Diffraction,  291, 294, 295 
constant,  22, 233, 234 
Diffuse  sound  sensitivity,  41 
Directional  response  pattern,  6 
see  also  directivity  pattern 
Directivity  factor,  41 
Directivity  index,  81 
computation  aids,  86, 87 
graphs,  84 
measurement,  83 
theory  and  formula,  81, 82 
Directivity  pattern,  6, 73 
beamwidth,  79, 80 
cosine,  273 
data  analysis,  188 
formulas,  72 
graphs,  77, 78 
minor  lobe  level,  79 
nonuniform  radiators,  79 
orientation  standard,  175 
product  theorem,  78 
Distance  between  transducers 
see  Proximity  or  Separation 
DRL  near  field  calibration,  193 
advantages,  223 
computed  patterns,  198 
facility,  201 
frequency  range,  223 
Helmholtz  formula,  194, 202 
limitations,  222 


measurements,  220 
scanning  technique,  195 
Dunking  machine,  60 
Duty  cycle,  1 52 
Dynamic  range,  7, 99 
Echo  reduction 
bistatic,  293 
measurement,  294 
monostatic,  293 
theoretical,  293 
see  also  Anechoic  coating 
Efficiency  of  a  transducer,  7, 12, 96, 
97,98,99 

Elastic  moduli,  31, 298, 312, 313 
Electrical  analogs,  14 

of  electroacoustic  transducer,  93 
Electrical  impedance,  7, 12 
see  also  Impedance 
Electrodynamic  transducer 
see  Moving-coil  transducer 
Electrostatic  actuator,  69 
Equivalent  circuits,  298 
see  also  Analogies 

Equivalent  noise  pressure,  100, 105, 
251,255 

Facilities,  113-116 
Ferroelectric  ceramic^ 
see  Piezoelectric  materials 
Fessenden  oscillator,  228 
Filter,  152 

acoustic  low-pass,  258 
heterodyne  system,  142 
ideal  band-pass,  104 
Fish  interference,  1 10 
Free  field,  18, 109 
absence  of,  20 
facilities,  113-116 
sites,  109 
site  criteria,  1 10 
Free-field  voltage  sensitivity,  6 
cylindrical-wave  reciprocity 
method,  34 
diffraction  effects,  233 
formulas,  182, 183, 184, 276 
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inertial  impedance  method,  54 
low  level,  228 
near-field  method,  220, 221 
radiation  pressure  method,  68 
reciprocity  method,  29,  30 
self  reciprocity  method,  32 
two-projector  null  method,  46 
variable  depth  method,  60 
velocity  hydrophone,  73 
versus  frequency,  231 
Frequency 
units,  12 
side  band,  12 
Fresnel  zone 
see  Near-field 

Golenkov  calibration  method,  61 
Harmonic  distortion,  153 
Helmholtz 
formula,  194 
resonator,  258 
Heterodyne  system,  139 
oscillator,  142 
Hooke’s  law,  31 1 
Hydrophone,  5 
capacitor,  56 
deleterious  influences,  20 
electronic,  59 
leak  resistance  effects,  20 
noise,  251 

output  terminals,  136 
pressure-gradient,  69, 274, 279, 
280 

recalibration,  20 
standard  requirements,  227 
type  F36,  F37,  and  TR-205/WQM, 
251 

type  H23, 243 
type  LC32  and  BC32,  245 
type  M 1 1 5B  and  DT-99/PQM-1A, 
243,253 
velocity,  275 
Impedance,  90 
bridge,  56 

calibration  methods,  47 


characteristic,  298, 308 
circles,  94 

conversion  series-parallel,  91 

data  analysis,  188, 189 

efficiency  measurement,  98 

electrical,  7 

high  power,  153, 154 

input  of  a  transmission  line,  300, 
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matching,  140 
plane-wave  acoustic,  70, 72 
specific,  306, 308 
spherical-wave,  70 
transducer,  95 
transfer,  5 
tube,  306 
units,  12 

see  also  Admittance  and  Acoustic 
impedance 

Impulse  calibration  method,  62 
Inertial  impedance  calibration  methods, 
53 

Infrasonic  calibration  methods,  56 
Insertion  loss,  287, 288 
air  baffle,  290 
cork,  289 
corprene,  290 
function  of  angle,  292 
measurement,  290 
sonar  dome,  288 
steel,  289 
theoretical,  289 
Insulkrete,  168 
Intensity,  12 

Interference,  144, 295, 296, 297 
bubble,  158 
elimination,  162 
fish,  111 

identification  charts,  158 
identification  criteria,  157 
identification  theory,  155 
lake  bottom,  1 10 
noise,  1 1 1 
reciprocity,  164 
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Interferometer  technique,  294, 295 
Kirchhoff  formula,  194 
Leakage  resistance,  64 
Level,  9 

reference  pressure,  13 
Linearity,  7, 99,  135,  153 
Loss  angle,  299, 303, 304 
measurement,  305 
Loss  factor,  299, 301, 304, 310 
compliance,  301 
density,  301 
elastic,  301 
measurement,  304 
stiffness,  301 
Loss  parameter,  304 
Magnetostrictive  transducer,  3, 228, 240 
equivalent  circuit,  230 
magnetic  bias,  241 
nonlinearity,  241 
resonance  frequencies,  232 
response  vs  frequency,  231 
ring  stack,  240 
sensitivity  vs  frequency,  231 
useful  frequency  range,  232 
Modulation,  147 
Monostatic  reflections,  293 
Moving  coil  transducer, 45,  55, 228, 241 
equivalent  circuit,  230 
pressure  compensation,  242 
resonance  frequencies,  232 
response  vs  frequency,  231, 242 
sensitivity  vs  frequency,  231 
typical  design,  271 
useful  frequency  range,  232 
Near  field,  26, 65 

calibration  with  reciprocity  param¬ 
eters,  200 
criteria,  122 
reflector,  294 

see  a/so  DRL  near-field  calibration 
and  Trott  near-field  array 
Neper,  299 
Noise 

equivalent  noise  pressure,  255 


hydrophone,  251 
measurement,  101 
meter,  104 

meter  calibration,  103 
preamplifier,  255 
sea,  101 

sea  state  zero,  255 
thermal,  105 
white,  101 
Null  projector,  45 
Orientation  standard,  174 
Phase,  7 

reflection  coefficient,  306, 307 
Piezoelectric  materials 
ceramics,  239 
costs,  239 

crystal  assembly,  236 
crystals,  3, 235,236 
d  constant,  235, 238, 239 
electrical  impedance,  237 
for  high  frequencies,  257 
for  projectors,  257 
g  constant,  235, 239 
hydrostatic  applications,  235, 239 
resistivity,  238 
stability,  240 
temperature  effects,  238 
Piezoelectric  transducer,  228 
equivalent  circuit,  230 
low-frequency  roll-off,  232 
projector  design,  253 
response  vs  frequency,  231 
sensitivity  vs  frequency,  231 
typical  hydrophone  design,  242 
typical  projector  design,  259 
useful  frequency  range,  232 
Pistonphone,  48 
air,  48 
water,  50 
water-air,  50 
Plate  modulus,-313 
Poisson’s  ratio,  312, 313 
Power 

transducer  input,  96 
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transducer  output,  97 
units,  12 
Pressure 
applied,  21 

equivalent  noise,  100, 105, 251, 
255 

gradients,  21 
overload,  100 
piston  axis,  123 
plane  wave,  299, 300 
reference,  9 
sensitivity,  21 
simple  source,  256 
spectrum  level,  101 
spherical  wave,  70 
standing  wave,  72, 73 
transmission  line,  298 
units,  1 1 

Pressure  gradient,  21,71 
Helmholtz  formula,  194 
hydrophone,  69, 274, 297, 280 
see  also  Velocity  hydrophone 
Pressurephone,  52 
Pressure-release  materials,  257 
Pressure  sensitivity,  21 
Product  theorem,  78 
Projector, 6 

calibration  method,  24 
doublet,  273 

for  small  closed  tank,  267 

low  frequency  limit,  228, 253 

piezoelectric,  253 

requirements,  227 

response,  256 

standard,  25 

type  E8, 266 

type  F27, 259 

type  F30, 260 

type  F33.261 

type  G23, 267 

type  J9, 271 

Propagation  constant,  288, 299 
Proximity  of  transducers,  120, 127 
charts,  128 


criteria,  121-133 
Pulse 

coherent,  149 
diffracted,  294 
distortion,  149 
duration,  145, 169 
repetition  ratio,  145 
sequence,  145 
spectrum,  147, 295 
transients,  145 
typical,  146 
Pulsing,  142,143 
duty  cycle,  152 
frequency  limits,  146 
impedance  tube,  306 
measurement  of  echos,  294 
system,  139  - 

2,301 

cycles  in  a  pulse,  145 
system,  145 
Radiation  pressure,  65 
calibration  method,  66 
Receiving  sensitivity,  6 
see  also  Free-field  voltage  sensi¬ 
tivity 
Reciprocity 

check,  27, 185, 187,221 
parameters,  27, 28, 34, 36, 38, 
42,43,44,183,184,185,186 
principle,  27 
proximity  criteria,  122 
Reciprocity  calibration,  2, 3 
conventional,  27, 28 
coupler,  38 
cylindrical  wave,  34 
diffuse  sound,  41 
general,  43 
In  situ,  44 
plane-wave,  35 
self,  31 

sphcrical-wavc,  27 
two-transducer,  31 
tube,  36 

Reference  prossure,  9,13 
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Reflection 
bistatic,  293 
coefficient,  306 
loss,  288 
monostatic,  293 
specular,  293 
Reflectors,  287, 292 
resonant,  293, 295 
Response 
data  analysis,  188 
formulas,  182, 183 
level,  10 

projector  low-frequency  limit,  228 
transmitting,  6, 256 
transmitting  current,  6, 221, 256 
transmitting  voltage,  6, 256 
Rigging  of  transducers,  1 17 
Schloss  and  Strasberg  shaker,  53 
Sensitivity 

data  analysis,  188 
level,  10, 228 

see  also  Receiving  sensitivity  and 
Free-field  voltage  sensitivity 
Separation  distance  loss,  135, 185 
test  of  measurement  conditions, 
136 

see  also  Proximity 
Shear  modulus,  313 
Signal 

distortion,  152 
high  level,  152 
modulation,  147 
pulse  spectrum,  147 
quasi-steady-state,  153 
typical  levels,  135 
Signal-to-noise  ratio,  20 
Sims  calibrator,  53 
Sound  pressure  level,  9 
Source  level,  220 
Specific  acoustic  impedance,  306 
Spectrum  of  a  pulse,  147 
Speed  of  sound 
complex,  300, 310 
units,  12 


Static  calibration  methods,  56 
Steady -state  criteria  in  pulses,  169 
Stiffness,  298,301,311 
see  also  Acoustic  compliance 
Tanks,  166 

acoustically  transparent,  172 
anechoic,  166 
minimum  size,  168, 172 
size  criteria,  171 
wood,  168 
Temperature 

gradients,  111,  112 
units,  12 

Therm  oclines,  112 
Thevenin  acoustical  generator,  22 
Threshold  sensitivity,  100 

see  also  Equivalent  noise  pressure 
Time 

constant,  62 
units,  12 
Transducer,  5 

design  for  high  pressure,  257 
diffraction  effects,  233 
doublet  (dipole),  273 
optimum  types,  232 
orientation  standard,  174 
positioning,  164 
preparation  for  test,  1 1 1 
reciprocal,  273 
rigging,  117 

sensitivity  and  response  vs 
frequency,  231 

see  also  Piezoelectric,  Magneto- 
strictive,  and  Moving  co2 
Transfer  impedance,  5 
Transformers,  140, 257 
Transmission  line 
acoustic,  306 
analogies,  299, 302 
materia)  analysis,  298 
see  also  Acoustic  transmission  line 
Transmission  toss,  288 
Transmitting  current  response,  6, 221, 
231,256 
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Transmitting  voltage  response,  6, 232, 
256 

Trott  near-field  array,  199 
advantages,  223 
calibration  measurements,  220 
design,  205,214 
element  design,  21 8 
frequency  range,  210, 21 1, 214, 
216,217,218,219,223 
Lake  Seneca  model,  219 
limitations,  222 

replication  of  binomial  line,  205 
shading  function,  206, 210, 21 1, 
214 

single  line,  222 
size  criteria,  21 1 
size  of  plane-wave  region,  209, 
214,216,218,219 
Two-projector  null  method,  45 


Units,  1 1 
conversion,  186 

Variable-depth  calibration  method,  60 
Velocity 

augmentation  in  spherical  wave,  71 
complex,  300,310 
hydrophone,  69, 273, 274, 275 
hydrophone  sensitivity,  276, 277 
particle  in  a  spherical  wave,  70 
sensitivity,  71 
standing  wave,  72, 73 
units,  12 
Voltage 

coupling  loss,  136, 189 
measure,  141 
response,  25 
units,  12 

Wave  number,  288, 298, 300 
Young’s  modulus,  312 
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